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CHAPTER  1 


INTRODUCTION 

1.1  DESCRIPTION  OF  PROBLEM 

Digital  signal  processors  (DSP)  are  being  used  to  perform  the  moving- 
target-indicator  (MTI)  function  in  radar  systems  [1],  There  are  many  ad- 
vantages obtained  by  using  the  DSP  approach,  e.g.,  1)  increased  flexibil- 
ity in  meeting  a specific  requirement  through  the  use  of  adaptive  and 
time-varying  system  structure,  2)  decreased  maintenance  and  fine  tuning 
requirements  of  analog  systems,  etc.  However,  the  finite  length  of  data 
words  used  In  a DSP  system  produce  errors  that  are  not  present  in  an  infi- 
nite precision  case.  These  quantization  errors  can  be  categorized  as 
follows : 

11  Analog-to-dlqital  quantization  of  Input  signal. 

2)  Quantization  of  processor  parameters,  such  as  co- 
efficient values,  due  to  finite  word  lengtl  i on- 
straint. 

3)  Quantization  of  arithmetic  operations  within  the 
processor. 

It  would  appear  that  the  output  quantization  error  is  a monotonically 
decreasing  function  for  increasing  length  of  the  various  finite  represen- 
tations used  in  the  processor.  There  are  exceptions  to  this  intuitive 
rule  as  shown  later  in  this  report.  The  hardware  complexity  is  an  in- 
creasing function  for  increasing  word  length.  The  design  objective  is  to 
produce  a DSP  with  minimum  hardware  complexity  which  will  give  acceptable 
system  error  performance.  It  is  not  necessary  to  minimize  the  quantiza- 
tion error,  but  It  is  desirable  to  keep  this  error  below  the  other  errors 
present  in  the  system.  Random  noise  is  inherently  associated  with  the 
input  signal  and  this  produces  a corresponding  random  error  at  the  DSP 
output.  The  performance  of  the  system  is  not  adversely  affected  by  the 
random  quantization  errors  which  are  less  than  the  errors  induced  by  the 
input  random  noise. 

Two  methods  of  implementing  the  DSP  are:  1)  performing  the  arithme- 

tic operations  with  fixed-point  numbers  and  2)  floating-point  numbers. 
There  are  various  advantages  and  disadvantages  of  these  two  approaches. 

It  is  generally  recognized  that  a floating-point  structure  gives  a larger 
dynamic  range,  but  requires  more  hardware.  Detailed  analyses  of  these 
methods  are  presented  in  this  report  for  a quadrature  channel  radar  sys- 
tem. The  specific  structure  of  the  radar  system  DSP  considered  in  this 
work  is  different  from  digital  filter  systems  analyzed  in  the  literature. 
This  uniqueness  has  made  it  extremely  difficult  to  apply  the  results  ob- 
tained by  other  authors  and  reported  in  the  open  literature.  However, 
these  previous  efforts  have  established  analytical  procedures  that  are 
utilized  in  this  work. 
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1.2  PREVIOUS  RESULTS 


Two  categories  of  previous  results  are  considered.  First,  statisti- 
cal models  associated  with  the  error  introduced  t‘  roundoff  and  trunca- 
tion of  two’s  complement  binary  numbers  are  reviewed.  Second,  the  anal- 
yses of  quantization  errors  in  digital  filters  are  considered  for  their 
application  to  the  radar  DSP. 

Gold  and  Rader  [2]  have  set  the  example  of  statistical  models  to  be 
used  for  roundoff,  truncation  and  sign-magnitude  truncation.  They  have 
also  considered  the  effects  of  inexact  values  of  filter  parameters,  A/D 
conversion  quantization  and  product  quantization.  The  main  point  of 
their  work  is  to  show  that  certain  recursive  digital  filter  forms  are 
less  sensitive  to  quantization  error  than  are  other  forms.  The  results 
obtained  are  not  applicable  to  the  fixed-window  nonrecursive  digital  fil- 
ter used  in  the  radar  movinq-target-indicator. 

Oppenheim  and  Schafer  [3]  have  treated  roundoff  and  truncation  for 
sign  magnitude,  two's-complement  and  one's  complement  number  systems  for 
both  fixed-point  and  floating-point  configurations.  They  analyze  both 
infinite  impulse  response  (IIR)  and  finite  impulse  response  filters.  The 
signal  flow  graph  approach  used  on  pages  439  through  441  is  very  useful 
for  the  work  documented  in  this  report.  However,  the  results  do  not  ap- 
ply to  a fixed-window  MTI. 

Chapter  5 of  Rabiner  and  Gold  [4]  is  similar  to  the  Oppenheim  and 
Schafer  presentation  but  has  a slightly  different  emphasis.  This  same 
comment  applies  to  Oppenheim  and  Weinstein  [5]. 

The  works  of  Sandberg  [6]  and  Liu  and  Kaneko  [7]  are  primarily  de- 
voted to  floating-point  realizations  of  recursive  filters.  The  flow 
graph  presentation  has  been  adapted  for  use  in  this  report. 

All  of  the  above  referenced  literature  share  the  disadvantage  that 
they  do  not  directly  apply  to  the  fixed-window  MTI  structure  used  in  the 
radar  signal  processor.  Also,  the  quadrature  channel  structure,  which 
requires  that  /I2  + Q2  be  determined,  has  not  been  included  in  the  results 
cited  in  the  literature.  The  results  indirectly  apply  to  digital  filters 
but  not  to  the  entire  radar  digital  signal  processor.  An  analysis  of  a 
fixed-point  DSP  was  made  on  the  LRCP  for  the  U.S.  Army  in  the  summer  of 
1975.  The  report  [8]  submitted  on  this  task  has  outlined  the  basic  ana- 
lytical and  simulation  procedures  that  were  continued  on  this  grant. 

1.3  OUTLINE  OF  RESEARCH  TASKS  AND  REPORT 

This  project  was  organized  into  three  areas,  viz.,  1)  Theoretical 
analyses  of  fixed-point  and  floating-point  DSP,  2)  Simulation  program  de- 
velopment and  analysis  of  fixed-point  and  floating-point  DSP  and  3} 
Floating-point  hardware  design  considerations.  Each  of  these  areas  was 
directed  at  a quadrature  channel  radar  signal  processor  with  a square- 
root-of-the-sum-cf-the-squares  unit  and  a post  residue  integrator.  The 
exact  configuration  will  be  presented  later  in  this  report.  The  areas 
were  divided  into  tasks  as  follows.  Moore  refined  the  LRCP  analysis.  [8] 
for  a fixed-point  processor  as  presented  in  Chapter  2 while  Trivedi 
worked  with  the  fixed-point  simulation  program  documented  in  Chapter  3. 
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Holt  studied  floating-point  arithmetic  systems  and  applied  these  to  the 
design  of  a floating-point  "3P  as  reported  in  Chapter  4.  Moore  followed 
Holt's  effort  with  a th°'  ical  analysis  of  the  floating-point  DSP  in 
Chapter  5 while  Holt  and  frivedi  developed  the  floating-point  simulation 
program  of  Chapter  6. 
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CHAPTER  2 

THEORETICAL  ANALYSIS  OF  FIXED-POINT  PROCESSOR 
by  Jerry  D.  Moore 

2.1  DESCRIPTION  OF  PROCESSOR 

There  are  many  configurations  that  could  be  used  for  a digital  signal 
processor  in  a radar  system.  This  effort  is  limited  to  pulsed  doppler 
radars  that  use  quadrature  channels  ir  the  receiver  to  extract  the  moving 
target  information  from  the  noise  and  clutter  signals.  A schematic  repre- 
sentation of  the  signal  processor  is  shown  in  Figure  2.1  and  the  details  of 
the  digital  filter  configuration  are  shown  in  Figure  2.2.  This  system  is 
capable  of  processing  multiple  range  bins  (e.g.,  1000)  by  utilizing  one 
A/D  converter  per  channel  and  one  digital  multiplier  per  channel.  Typical 
pulse  repetition  rates  of  5000  pulses/sec  requires  A/D  sample  rates  of 
5 x 106  samples/sec  to  ''ccominodate  the  1000  range  bins.  The  filter  of 
Figure  2.2  is  a f-zed-  mdow  configuration,  i.e.,  N samples  are  used  in  a 
fixed  block  size  tc  ^Qtermine  a residue  output.  While  this  results  in  a 
signal-to-noise  ratio  loss  as  compared  to  the  moving-window  approach  [9,10] 
it  does  give  a much  simpler  hardware  realization. 

The  residue  calculation  indicated  by  Figure  2.1  is  ideally  given  by 


Residue  = /F  + Q*  , 


(2.1) 


where  I and  Q are  the  outputs  of  the  two  quadrature  channels.  In  practice, 
the  square  root  operation  is  difficult  to  implement  and  various  approx- 
imations are  utilized  [1],  such  as 


Residue  - < 


L + 3S/16 
3L/4  + 1 1 S/1 6 


0 < S/L  < 0.5 
0.5  < S/L  < l.n 


(2.2) 


where  L = max  { 1 1 j , |Q| } and  S = min  { |I|  ,|Qj}.  This  two-sector  approxi- 
mation gives  a peak  error  of  -2.16%,  an  RMS  error  of  12,65%,  and  an  average 
error  of  U.69%  when  averagea  on  all  phase  angles  between  I and  Q.  As  will 
be  shown,  this  approximation  is  a major  contributor  to  the  DSP  errors. 

The  finite  word  lengths  used  in  the  DSP  are  shown  in  Figure  2.3  and 
summarized  in  Table  2-1.  The  nomenclature  presented  here  is  used  in  the 
following  section  to  theoretically  analyze  the  fixed-point  DSP. 


?.2  OUTLINE  OF  ANALYSIS 

The  theoretical  analysis  of  the  DSP  quantization  error  is  presented  in 
this  section.  Many  symbols,  equations,  and  boundinq  procedures  are  neces- 
sary and  it  ^ difficult  to  follow  the  main  development  when  presented  in 
its  entire  detail.  Consequently,  a summary  of  the  analysis  is  presented 
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Quadrature  Channe1  Digital  Signal  Processor  Configuration 


2.3  Fixed-Point  Digital  Signal  Processor  with  Finite  Word  Lengths  Indicated 
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TABLE  2-1 

FIXED-POINT  DSP  WORD  LENGTH 


Symbol 

Description 

MX 

A/D  Converter  word  length.  Two's  complement  form  with 
1 sign  bit  and  MX  - 1 fractional  bits. 

MC 

Coefficient  word  length.  Two's  complement  form  with  1 
sign  bit  and  MC  - 1 fractional  bits. 

MX  + MC  - 1 

Product  word  length.  Two's  complement  form  with  1 si g 
bit  and  MX  + MC  - 2 fractional  bits. 

MT 

Truncated  product  word  length.  Two's  complement  form 
with  1 sign  bit  and  MT  - 1 fractional  bits. 

MF 

Range  bin  accumulator  word  length.  Two's  complement 
form  with  1 sign  bit,  MT  - 1 fractional  bits  and 
MF  - MT  integer  bits. 

ME 

Truncated  residue  word  length.  Magnitude  form  with 
MF  - Mi  + 1 integer  bits  and  ME  - MF  + MT  - 1 
fractional  bits.  No  sign  bit  is  used. 

MS 

Integrator  accumulator  word  length.  Magnitude  form 
with  MS  - ME  + MF  - MT  + 1 integer  bits  and 
ME  - MF  + MT  - 1 fractional  bits.  No  sign  bit  is 
used. 

here  and  detailed  derivations,  etc.,  are  left  to  an  appendix. 

The  binary  word  outputs  from  the  A/D  converter  are  written  as  the 
sum  of  an  errorless  term  x()  and  the  quantization  error  e().  The  output 
of  the  digital  filter  w()  is  used  every  N samples  (where  N is  the  number 
of  filter  coefficients)  and  written  as  a sum  of  an  errorless  output  y()  and 
the  quantization  error  g(),  i.e.. 


where 


w(mN)  = y(mN)  + g(mN)  , 


(2.3) 


N-l 

y(mN)  = i h(n)x(mN-n)  ^ 
n=0 


(2.4) 


and 


N-l 


g{mN)  = 7 h(n)e(mN-n)  + e (mN-n)l 

n=0  1 n J ' 


(2.5) 


and  h(n)  represents  the  filter  coefficients.  The  term  en()  introduced  in 
(2.5)  is  the  representation  for  the  truncation  of  the  ntn  product  used  in 
forming  the  mNtn  filter  output.  The  expressions  of  (2.3),  (2.4)  and  (2.5) 
are  valid  for  either  the  I or  Q channel  by  adding  the  appropriate  sub- 
script. 

The  output  of  toe  RMS  approximation  unit,  r()  is  represented  as  the 
sum  of  errorless  output  and  an  error  term  erO,  i.e., 


r(mN)  = /Wj^(mN)  + w^OnN)  + er(mN)  . 


(2.6) 


The  error  term  is  expressed  as  a random  variable  term,  yw()  times  the 
errorless  output  since  the  error  is  a percentage  of  the  perfect  value. 
Thus 


r(mN)  = [1  + yw(mN)]  /wj2(mN)  +’wq^(itiN)  . 


(2.7) 


This  approximation  to  the  residue  is  then  truncated  prior  to  the  integra- 
tor, i.e.. 


b(mN)  = r(niN)  + et(mN)  , 


(2.8) 
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where  b()  is  the  input  to  the  integrator  and  et()  is  the  truncation  error 
associated  with  the  residue. 

An  expression  for  the  integrator  output  INT(M)  is  given  by  the  sum  of 
M residues.  Taking  into  account  the  finite  arithmetic  effects  yields 

M 

INT(M)  - z b(mN)  . (2.9) 

m=l 


An  infinite  precision  system  would  have  an  integrator  output  that  depends 
on  the  input  signal  frequency,  f,  and  amplitude,  A,  and  the  magnitude  of 
the  transfer  function  associated  with  the  filter,  |H(f)|.  A perfect 
residue  is 


u{mN)  = u = | H(f ) | • A , (2.10) 

and  the  errorless  integrator  output  is 


INT<M>  I errorless  " M ‘ u • <2-"> 

The  actual  integrator  output  is  expressed  as  the  sum  of  this  errorless 
term  and  the  error  term  INTE(M),  viz., 


INT(M)  = M ♦ u + INTE(M)  . (2.12) 

The  primary  goal  of  this  analysis  is  to  study  the  error  term  INTE(M). 
This  will  be  accomplished  by  evaluating  the  average  value  and  variance  of 
the  integrator  error.  Using  the  previous  results  and  assuming  statisti- 
cal independence  of  the  error  contributions  (see  details  in  Appendix  A) 
gives  for  the  average  error, 


INTE'(M)  = MU  + et  - u]  , (2.13) 

and  for  the  variance 

aINTE  = M^°r2  + at2^  * (2.14) 

The  mean  and  variance  of  the  truncation  term,  i. e.,  ?t  and  °t2  can  be 
calculated  precisely,  but  the  corresponding  parameters  for  r()  are  not 
easily  obtained.  It  was  necessary  to  use  bounding  procedures  as  presented 
in  Appendix  A.  A condensed  version  of  the  bounding  method  is  obtained  by 
notinq  r()  given  by  (2.7)  is  prooortional  to  the  vector  maqnitude  nf  the 
sum  of  two  vectors  U and  V,  where  U = (yi , yQ)  and  V = (gj,  gQ).  If  u 
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4 


and  v are  the  respective  magnitudes  of  these  vectors,  then  it  follows  that 


O + yw)  |u  - v|  < r <_  (1  + yw)(u  + v)  . 

The  mN  arguments  have  been  omitted  for  simplicity,. 

The  u term  can  be  evaluated  as  in  (2.10)  and 


(2.15) 


v(mN)  = »/gj'/(mN)  + gq2(mN) 


(2.16) 


The  expected  value  of  r from  (2.15)  can  be  expressed  with  the  aid  of  the 
Concave/Convex  Tieorem  of  Appendix  A as 


(1  + yw)  |u  - v|  < (1  + yw)  |u  - v|  < r < (1  + yw)(u  + v)  , (2.17) 


where 


ft  |g|  £ v 5 4 2 g7  . 


(2.18) 


It  follows  from  (2.13)  , (2.17)  and  (2.18)  that 


INTE’(M)  £ M [ Ywu  + (1  + yw)  4l  sF  + et  ] f (2.19) 


and 


TNT mj  > M 


(1  + Yw)y  u2  + 2 • g2  - 2 • ft  • u '4  g7  + e^.  - u 


.(2.20) 


1 • e , , 


It  is  possible  to  start  with  (2.15)  and  use  (2.17)  to  evaluate  or2, 


or2  = r7  - r 2 . 


(2.21) 


After  conciderable  manipulation  the  variance  term  is  bounaed  as  follows, 
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ar2  £2(1  + 2?w)ag2  + ay2 u2 


+ 2 J 2 F + V 


+ 4yw  + 2]  u 


(2.22) 


and 


°r?  i (u2  + 2 g7)  oy2  - 2\/2  g7  [yJJ7  + yw2  + 4 yw  + 2]  u . (2.23) 
It  follows  from  (2.14)  , (2.22)  and  (2.23)  that 


°INT£  - M ^ar2max  + °t2^  1 (2.24) 


and 


°1NTE  - M ^°r2m1n  + °t2J  • (z-25) 


Thejmportant  bound  results  of  (2.19)  , (2.20)  , (2.24)  and  (2.25)  de- 
pend on  eV,  ot2.  g andg7.  The  parameters  are  evaluated  In  the  following 
presentation.  As  stated  In  Table  2-1,  the  RMS  unit  output  has  MT  - 1 
fractional  bits  and  MF  - MT  + 1 Integer  bits.  When  this  word  Is  truncated 
to  ME  bits  total  with  ME  - MF  + MT  - 1 fractional  bits  then  the  error  et 
is  within  the  range 


. (2-ME  + MF-MT<l.2-MT+1)<et,0  . (|>|8) 

Assuming  a uniform  distribution  over  this  range  gives 


- - ME  + MF  - MT  « - MTx 

e.  = - (2  - 2 ) , 


(2.27) 


2*2MT  - ME  + MF  . 1}2 

°t2  * — $ 


(2.28) 
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From  (2.5)  it  follows  that 


4 


N-l 

g = z [h(n)  e + e ] , 
n=0 


but  e is  equal  to  zero  because  of  the  roundoff  procedure  used  i 
converter  and 


- (2  - MT  + 1 - 2 ' MX  - MC  + 2)  < en  < 0 , 


since  it  is  the  truncated  version  of  the  product.  Thus 


e,  . - ( ■»  - MT  . 2 - MX  - MC  ♦ 1,  ( 


and 


/2  - MT  2 - MX  - MC  + 1.2 
an2  ' L 


Using  (2.31)  in  (2.29)  yields 


g=-N(2"MT-2-MX-MC+l)  . 


The  variance  of  g is  given  by 

N-l 

°g2  = Nan2  + ae2  Lg  h2(n)  » 

where  ae2  is  the  variance  of  the  roundoff  error  e,  i.e., 


2 = 


j-2  MX 


The  mean-squared- value  of  g is 


(2.29) 
the  A/D 

(2.30) 

(2.31) 

(2.32) 

(2.33) 

(2.34) 

(2.35) 


13 


(2.36) 


N-l 

cp  3 4 °n2  + g2  = N  1  o 2 + a 2 z h2(n)  + N2  e 2 

9 n e n=n  n 


This  concludes  the  analysis  for  the  fixed-point  processor.  The 
average  error  at  the  integrator  output  can  be  upper  and  lower  bounded  by 
using  (2.19),  (2.20);  the  results  below  (2.2) ; (2.27),  (2.29)  and  (2.36). 
The  Integrator  output  variance  can  be  bounded  by  using  (2.24),  (2.25), 
(2.22),  (2.23)5  the  results  below  (2.2);  (2.34)  and  (2.36).  A computer 
program  was  written  to  calculate  the  values  for  specified  word  lengths, 
filter  coefficients,  etc.  Appendix  B presents  the  listing  of  the  program. 
An  additional  feature  was  included  into  the  program,  viz.,  the  capability 
of  calculating  the  minimum  and  maximum  values  of  the  integrator  output 
error.  This  program  was  utilized  in  obtaining  the  results  presented  in 
the  next  section. 

2.3  GRAPHICAL  PRESENTATIONS  OF  THEORETICAL  RESULTS 

The  computer  program  of  Appendix  B was  utilized  to  obtain  specific 
values  for  the  integrator  output  error  statistics.  The  results  presented 
in  this  section  are  for  an  A/D  converter  word  length  of  MX  = 9 bits,  co- 
efficient word  length  MC  = 9 [see  Ref.  1]  and  various  combinations  of 
truncated  product  length  MT  and  pre-integrator  word  length  ME.  The  input 
signal  ampli+|jde  was  also  varied.  The  range  bin  accumulator  word  length 
MF  was  chosen  to  have  the  same  number  of  fractional  bits  as  the  truncated 
product  and  3 integer  bits  to  avoid  overflow,  i.e.,  MF  = MT  + 3.  In 
general  the  choice  is  dependent  on  the  number  of  coefficients  being  used. 

The  data  presented  first  are  for  an  input  signal  amplitude  of  0.025 
volts  with  a frequency  of  1500  Hz,  In  Fig.  2.4,  the  upper  bound  on  the 
average  output  error  is  plotted  as  a function  of  the  truncated  product 
length  MT  with  a family  of  curves  dependent  of  the  truncated  residue  word 
length  ME.  There  are  several  important  observations  that  can  be  made 
from  Fig.  2.4,  and  from  the  expanded  plot  of  Fig.  2.5. 

1)  For  a specified  member  of  the  family  of  curves,  i.e.,  given 
ME,  then  the  upper  bound  on  the  error  goes  from  a positive 
value  to  a negative  value  as  MT  is  increased. 

2)  For  a given  value  of  ME,  the  error  curve  doesn't  change 
very  much  when  MT  increases  beyond  some  threshold  value, 

(*  11  or  12). 

3)  For  a given  valje  of  ME,  then  in  general  the  minimum 
magnitude  of  the  error  is  not  obtained  by  the  maximum 
value  of  MT.  For  example,  when  ME  = 10  the  smallest 
magnitude  error  is  -3.35  x 10  3 and  occurs  when  MT  = 11. 

4)  For  a given  value  of  MT,  then  the  minimum  magnitude  of  the 
error  is  not  obtained  by  the  maximum  value  of  ME.  For 
example,  when  MT  = 12  the  smallest  magnitude  error  is 
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Fig.  2.4  Upper  Bound  on  Average  Integrator  Error  as  Function  of 
Truncated  Product  Length  (Signal  Amplitude  - 0.025V, 
Frequency  = 1500  Hz) 
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Fig.  2.5  Alternative  Presentation  for  Upper  Bound  on  Average  Integrator 
Error.  (Signal  Amplitude  = 0.025V,  Frequency  = 1500  Hz) 
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-1  x TO"4  and  occurs  when  ME  = 11.  If  ME  is  decreased  then 
a larger  magnitude  negative  error  is  obtained.  If  ME  is 
increased  then  a larger  magnitude  positive  error  is  obtained. 

5)  For  decreasing  values  of  MT,  then  the  family  of  curves  tend 
to  converge. 

These  observations  are  supported  by  the  intuitive  reasoning  that  the 
RMS  unit  converts  the  negative  error  caused  by  the  product  truncation  in- 
to a positive  error.  The  truncation  of  the  residue  will  cause  a negative 
error  that  will  make  the  output  error  more  negative.  The  relative  con- 
tributions of  these  terms  will  determine  the  sign  of  the  resultant  error. 

Lower  bound  results  for  0.025  volts  signal  amplitude  and  1500  Hz 
frequency  are  presented  in  Fig.  2.6  and  2.7.  The  same  observations  are 
noted  as  above,  but  the  curves  have  been  shifted  in  a negative  direction. 

A comparison  of  the  upper  and  lower  bounds  reveals  two  observations. 
First,  when  ME  is  small,  e.g.,  ME  = 6,  then  there  is  strong  convergence. 
Second, for  larger  ME  values, e.g.,  ME  > 10,  the  bounds  are  not  tight.  A 
typical  comparison  is  shown  in  Fig.  2.8  for  maximum  length  of  ME  = MT  + 3. 

The  maximum  and  minimum  error  limits  are  also  included  for  comparison. 

Note  that  the  middle  point  of  the  extremes  is  in  close  agreement  to  the 
middle  point  of  the  bounds. 

An  alternative  method  for  analyzing  the  data  is  to  present  the 
average  error  bounds  as  a function  of  ME  with  MT  being  fixed.  The  same 
amplitude  and  frequency  signal  was  used  to  obtain  the  results  of  Fig.  2.9. 

A value  of  MT  = 13  was  chosen  as  a typical  vaue.  Note  the  convergence 
of  the  bound  curves  as  ME  decreases.  The  best  choice  for  ME  depends  on 
which  bound  is  being  considered,  i.e.,  for  the  upper  bound  ME  = 11  or  12 
would  be  chosen  while  for  the  lower  bound  any  ME  > 12  would  be  acceptable. 

Figures  2.4  through  2.9  have  been  concerned  with  the  average  error 
bounds.  The  integrator  output  error  variance  bounds  are  presented  in 
Fig.  2.10  as  a function  of  MT  with  MF.  as  a family  of  curves.  The  lower 
bound  is  zero  for  values  of  ME  and  MT  not  plotted.  The  following  obser- 
vations are  made: 

1)  The  upper  bound  curves  converge  for  decreasing  values 
of  MT. 

2)  The  bound  curves  level  off  for  increasing  values  of 
MT. 

3)  The  upper  and  lower  bound  curves  converge  for  ME  = 6 
or  7 as  MT  increases. 

4)  The  variance  decreases  monotonically  as  ME  increases, 
but  the  decrease  is  small  for  ME  10. 

The  curves  of  Fig.  2.1 1 A and  B Dresent  the  variance  bounds  as  a function 
of  ME  with  MT  as  the  family  parameter.  Similar  conclusions  are  drawn. 

The  second  set  of  data  presented  are  for  a signal  amplitude  of  0.413 
volts  and  1500  Hz,  The  average  error  upper  bounds  are  presented  in 
Fig.  2.12  through  Fig.  2.15  while  the  variance  is  presented  in  Fig.  2.16 
through  Fig.  2.18.  Comparing  Fig.  2.12  to  Fig,  2 4 reveals  a strong 
similarity  for  low  values  of  ME.  It  is  difficult  to  compare  the  results 
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Fig.  2.6  Lower  Bound  on  Average  Integrator  Error  as  Function  of 
Truncated  Product  Length  (Signal  Amplitude  = 0.025V, 
Frequency  = 1500  Hz) 
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Note;  Magnitudes  are  plotted  and  Negative  values  are 
indicated  by  x.  The  dashed  lines  indicate 
positive  to  negative  transitions. 
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(Signal  Amplitude  = 0.025V,  Frequency  = 1500  Hz) 
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Fig.  2.10  Bounds  on  Integrator  Error  Variance  as  Function  of  Truncated 

Product  Length  (Signal  Amplitude  = 0.025V,  Frequency  = 1500  Hz) 
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Fig.  2.15  Average  Integrator  Error  Bounds  Comparison  as  Function  of 
Truncated  Residue  Length  with  Truncated  Product  Length 
MT  = 13  (Signal  Amplitude  = 0.413V,  Frequency  = 1500  Hz) 
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Product  Length  (Signal  Amplitude  = 0.413V,  Frequency  = 1500  HZ) 
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Fig.  2.17  Upper  Bound  or  ntegrator  Error  Variance  as  Function  of 
Truncated  Residue  Length  (Signal  Amplitude  = 0.413V, 
Frequency  = 1500  Hz) 
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for  larger  values  o,  ME  by  using  these  curves.  However,  a comparison  of 
Fig.  2.13  to  Fig.  2.b  reveals  that  when  the  truncation  error  introduced 
by  ME  becomes  small,  then  the  error  caused  by  other  sources  tends  to 
dominate.  The  larger  signal  amplitude  used  in  Fig.  2.13  will  have  a larger 
error  contribution  due  to  the  0.69%  error  of  the  RMS  unit. 

A comparison  of  the  upper  and  lower  bounds  on  the  average  error  is 
presented  in  Figures  2.14  and  2.15.  As  noted  previously  for  the  lower 
amplitude  case,  there  is  not  an  advantage  gained  by  increasing  ME  > 10  or 
11.  The  middle  values  of  the  extreme  values  in  Fig.  2.14  do  not  fall  as 
closely  to  the  middle  of  the  bound  values  as  they  did  in  Fig.  2.8.  This 
is  attributed  to  the  asymmetrical  error  properties  of  the  RMS  unit  that 
become  predominant  for  larger  signal  amplitudes. 

The  integrator  output  error  variance  bounds  are  presented  in  Fig.  2.16 
as  a function  of  MT  with  ME  as  a parameter  family.  The  lower  bound  is 
zero  for  ME  > 8.  Similar  observations  as  made  for  Fig.  2.10  are  possible 
for  this  case.  However,  note  that  the  bound  curves  are  not  as  tight  due 
to  the  large  signal  amplitude  and  the  corresponding  larger  error  intro- 
duced by  the  RMS  unit.  It  appears  that  the  upper  bound  curves  have 
leveled  off  for  MT  > 12  or  13. 

The  variance  bounds  are  presented  in  Figures  2.17  and  2.18  as  a 
function  of  ME  with  MT  as  a parameter  family.  Note  that  the  upper  bound 
variance  does  not  decrease  appreciably  for  ME  > 7 or  8. 

A third  technique  for  analyzing  the  data  is  to  fix  the  MT  parameter 
at  a value  greater  than  the  critical  threshold  and  present  the  error 
statistics  as  a function  of  signal  amplitude.  The  average  error  upper 
and  lower  bounds  are  presented  in  Figures  2.19  and  2.20  with  MT  = 13. 

There  is  close  agreement  between  the  bounds  for  ME  £ 9.  The  bounds  are 
not  strongly  dependent  on  the  signal  amplitude  except  for  certain  isolated 
values  of  ME,  e.g.,  the  upper  bound  curves  for  ME  = 11,  The  variance 
bounds  are  presented  in  Fig.  2.21.  Note  the  convergence  of  the  upper 
buund  curves  as  the  signal  amplitude  increases.  This  is  a result  of  the 
RMS  unit  induced  error  becoming  predominant.  The  bounds  are  not  tight  and 
appear  to  diverge  for  increasing  signal  amplitude.  The  variance  upper 
bound  doesn't  change  much  for  ME  > 9. 

The  results  presented  in  this  section  are  compared  to  the  simulation 
results  in  Chapter  3. 

A follow-on  study  was  attempted  after  the  results  presented  in 
Figures  2.4  through  2.21  were  obtained.  It  was  determined  that  the  error 
statistics  reported  in  Reference  8 and  used  in  this  analysis  were  not 
descriptive  of  the  two  sector  approximation  of  (2.2).  The  root-mean- 
square  error  should  be  0.126ro  instead  of  12. 65%.  This  new  information 
was  incorporated  into  the  computer  program  and  runs  made  to  determine  the 
affect  on  the  error  statistics.  The  average  error  was  unchanged,  but  the 
error  variance  did  reflect  this  parameter  change.  The  change  was  most 
pronounced  at  larger  signal  amplitudes,  e.g.,  a maximum  decrease  by  a 
factor  of  2 resulted  at  0.317  volts  amplitude  in  Fig  2.1  whereas  a 
regligible  decrease  was  noted  for  amplitudes  less  than  0.1  volts. 
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CHAPTER  3 


SIMULATION  ANALYSIS  OF  FIXED  POINT-PROCESSOR 
by  Bhadrayu  J.  Trivedi 


The  simulation  study  of  the  fixed-point  MTI  processor  was  performed 
with  the  aid  of  a Fortran  simulation  program  developed  at  The  University 
of  Alabama,  Huntsville  [14].  A description  of  the  simulation  program 
and  the  modifications  made  to  obtain  statistical  information  and  a dis- 
cussion of  the  simulation  results  are  presented  in  this  chapter.  Section 

3.1  deals  with  the  description  of  the  program  and  Section  3.2  with  the 
discussion  of  simulation  results. 

3.1  DESCRIPTION  OF  SIMULATION  PROGRAM 

The  simulation  program  uses  an  integer  programming  technique  which 
represents  all  the  fixed-point  binary  numbers  in  the  processor  as  deci- 
mal integer  numbers.  This  technique  is  described  in  detail  in  Section 
3.1.1.  The  routines  for  simulating  basic  operations  such  as  addition, 
multiplication,  truncation  and/or  expansion,  finding  magnitude,  etc.,  of 
binary  numbers;  are  based  on  this  technique.  The  routines  which  simulate 
the  system  blocks  such  as  the  coefficient  quantizer,  input  A/D  converter, 
the  digital  filter,  the  RMS  unit  and  the  integrator  also  use  the  same 
technique  as  well  as  the  routines  which  simulate  the  basic  binary  arith- 
metic operations.  These  routines  and  the  overall  program  are  described 
in  Section  3.1.2  with  the  help  of  detailed  flow  charts.  The  simulation 
program  as  it  was  used  for  this  project  is  listed  in  Appendix  E along 
with  a discussion  of  data  card-formats.  Section  3.1.3  suggests  improve- 
ments in  the  simulation  program  that  could  be  implemented  to  achieve 
higher  speed  and  increased  efficiency  for  a typical  program  run. 

3.1.1  Detailed  Integer  Programming  Technique 

Throughout  the  fixed-point  processor  the  arithmetic  operations  are 
performed  in  a two's  complement  fixed-point  binary  scheme.  For  the  pur- 
pose of  Fortran  simulation  they  are  represented  as  positive  decimal  inte- 
gers. For  example,  suppose  that  at  a particular  point  in  the  processor  a 
number  is  represented  with  N binary  digits  including  the  sign.  Its  ievel 
is  defined  as 

LEVEL  = 2N  . (3.1) 

If  the  number  has  no  sign  bit,  a fictitious  sign  bit  should  be  added  to 
compute  the  level.  Let  there  be  L binary  digits  for  the  fraaional  part 
of  the  number  without  sign,  then  the  quantization  interval  is  defined  as 

QI  = 2"L  . (3.2) 

Therefore, 

LEVEL/2  = 2N_1  (3.3) 
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represents  the  sign  bit  in  this  two's  complement  integer  notation.  Table 
3-1  illustrates  conversion  from  a real  two's  complement  notation  to  a 
"integer  decimal  notation."  The  real  two's  complement  binary  number  is 
integerized  by  shifting  the  radix  point  to  the  right-most  position.  This 
binary  number  then  is  expressed  as  an  integer  decimal  number.  Note  that 
in  this  form  the  number  is  always  expressed  as  a positive  number.  If  the 
number  is  smaller  than  (LEVEL/2)  it  is  a positive  number  and  otherwise 
negative.  To  obtain  its  real  decimal  value, LEVEL  has  to  be  subtracted 
from  the  negative  number;  the  positive  number  is  not  altered.  The  number 
then  has  to  be  multiplied  by  its  quantization  interval  as  defined  in 
Equation  (3.2). 

The  following  example  illustrates  an  application  of  the  technique. 
Example:  Suppose  the  number  (-0.25)IO  is  to  be  added  to  itself  six 
times  to  obtain  the  answer  (-1.5)10.  If  (-0.25) 10  is  represented  with 
N=3  bits  its  representation  in  integer1  decimal  notation  is  7 10  (i.e.» 

1 . 11 2 ) • To  avoid  an  overflow  it  is  necessary  to  expand  the  bit-length  to 
N=4  thereby  adding  an  extra  integer  bit.  Now  the  number  is  represented 
as  15io  ( i . e. , 1 1 . 11 2 ) - Now  if  the  number  is  added  to  itself  six  times, 
each  time  ignoring  the  carry,  then  the  result  is  1010  (i.e.,  10. 102) • Now 
the  result  can  be  truncated  down  to  a bit-length  N=3  by  deleting  the  least 
significant  fractional  bit.  If  the  answer  is  to  be  expressed  in  real  de- 
cimal, then  it  should  be  multiplied  by  (2-1),  the  new  quantization  inter- 
val after  truncation.  The  original  number  is  represented  in  the  second 
row  and  the  final  answer  in  the  fourth  row  of  Table  3-1. 

TABLE  3-1 

INTEGER  PROGRAMMING  TECHNIQUE  ILLUSTRATION 


Real 

Decimal 

Real 

Two's 

Complement 

Integer 

Two's 

Complement 

Integer 

Decimal 

Q.I 

+0.25 

0.01 

001 

1 

2~2 

-0.25 

1.11 

111 

7 

2"2 

+1.5 

01.1 

on 

3 

2"1 

-1.5 

10.1 

101 

5 

2"1 

The  above  example  illustrates  that  it  is  essential  to  use  the  proper 
quantization  intervals  to  convert  numbers  from  integer  decimal  notation 
to  real  decimal  and  vice  versa,  before  and  after  undergoing  an  arithmetic 
operation.  If  two  fractional  numbers  are  multiplied  together  then  the 
quantization  interval  of  the  product  is  the  product  of  the  quantization 
intervals  of  the  two  numbers.  The  next  section  will  show  how  the  simu- 
lation routines  keep  track  and  make  use  of  the  appropriate  quantization 
intervals  and  levels. 
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3.1.2  Flow  Chart  of  Simulation  Program 

In  this  section  the  MAIN  program  and  the  subroutine  STARTQ  are  de- 
scribed. The  subroutine  STARTQ  is  the  first  step  implemented  by  the  MAIN 
program  to  read  all  input  parameters,  compute  data  for  clutter  generation, 
and  quantize  the  filter  coefficients.  It  does  not  perform  any  special 
task  and  normally  this  would  be  done  in  a MAIN  program  itself,  hence  the 
MAIN  and  STARTQ  are  described  together.  Next,  the  group  of  routines  which 
simulate  the  basic  binary  arithmetic  operations  such  as  input  and  co- 
efficient quantization,  addition,  multiplication,  etc.  are  described. 

This  is  followed  by  a description  of  routines  which  simulate  the  system 
functions  such  as  signal  and  clutter  generation,  digital  filter,  RMS 
unit,  etc.  An  effort  is  made  to  emphasize  features  which  have  been  added 
to  the  basic  program  [14]  and  those  not  already  apparent  from  the  discus- 
sion of  the  program  in  Reference  [14].  Detailed  flow  charts  were  devel- 
oped for  this  purpose. 

The  objective  of  the  program  is  to  simulate  the  fixed-point  proces- 
sor shown  in  Fig.  2.1  and  Fig.  2.3  and  generate  results  that  can  be  used 
in  a statistical  study  of  quantization  errors.  The  flow  charts  for  the 
MAIN  program  and  the  subroutine  STARTQ  are  shown  in  Figs.  3.1  and  3.2 
respectively.  The  simulation  is  performed  over  NDWEL  antenna  dwell'-  each 
containing  NPULSE  signal-plus-clutter  samples  per  range  bin.  NPULSE  is  a 
product  of  NDELAY,  the  number  of  filter  coefficients,  and  NCYCLE,  the  num- 
ber of  residues  to  be  integrated.  It  is  a system  requirement  that  NPULSE 
be  less  than  48.  The  MAIN  program  calls  STARTQ  to  start  the  simulation 
by  reading  in  clutter,  signal,  radar  and  filter  parameters  which  are  sub- 
sequently printed  out.  These  parameters  are  explained  in  Appendix  E with 
the  details  of  how  they  are  specified  on  input  cards.  Next,  STARTQ  calls 
the  subroutine  COEF  to  quantize  the  filter  coefficients  and  print  the  un- 
quantized and  quantized  values.  Then,  a set  of  Gaussian  random  samples 
are  generated  by  calling  the  subroutines  ANIT  and  RANDM.  The  impulse 
response  of  the  digital  filter  used  in  the  clutter  generation  is  calcu- 
lated. The  purpose  of  this  filter  is  to  yield  clutter  samples  with  a 
desired  power  spectrum  from  the  input  Gaussian  samples.  The  clutter 
filtering  is  implemented  in  subroutine  UPDATQ.  STARTQ  also  generates 
scale  factors  for  signal  and  clutter  combination.  After  this  the  control 
reverts  back  to  the  MAIN  program  and  all  the  parameters  read  and  computed 
by  STARTQ  are  transferred  to  MAIN.  The  MAIN  program  next  reads  the 
parameters  which  control  RMS-statistics-print,  clutter  and  theoretical 
output  options.  The  second  option  controls  whether  clutter  is  to  be 
added  to  the  doppler  signal  or  not.  The  third  option  determines  whether 
the  theoretical  output  (infinite  precision  answer)  is  to  be  computed  with 
a quantized  or  an  unquantized  set  of  filter  coefficients.  If  the  un- 
quantized set  is  used  then  a valid  basis  for  comparison  between  the  fixed- 
point  and  floating-point  processor  statistics  can  be  provided.  This  fol- 
lows because  the  quantization  error  introduced  for  the  same  number  of  co- 
efficient bits  and  the  same  set  of  coefficients  is  different  for  the  two 
processors.  The  MAIN  program  simulates  only  one  system  block,  viz.,  the 
integrator.  All  the  other  system  blocks  and  functions  are  delegated  to 
different  subprograms.  The  MAIN  program  calculates  the  statistics  for 
the  hardware  RMS  unit  output  at  the  end  of  each  residue  or  cycle.  The 
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Fig.  3.1  Flow  chart  for  the  MAIM  program  of  the  Fixed-Point  Processor 
Simulation  program 
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Fig.  3.2  Flow  Chart  for  Subroutine  STARTQ 
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Fig.  3.2  (Continued) 
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same  is  also  calculated  for  the  output  of  an  imaginary  perfect  RMS  unit. 
The  statistics  inyolve  computation  of  the  maximum,  the  minimum,  the 
mean  and  the  variance  of  the  error  in  the  output.  The  error  is  defined 
as  the  actual  output  minus  the  theoretical  output  (see  Equations  2.3, 

2.6,  2.8,  2.12).  The  statistics  for  the  difference  between  the  hardware 
and  perfect  RMS  outputs  are  also  computed.  A similar  statistical  analysis 
is  carried  out  on  the  integrator  outputs,  i.e.,  at  the  end  of  each  antenna 
dwell.  Note  that  the  simulation  results  presented  in  Section  3.2  pertain 
to  the  integrator  output  statistics.  The  nature  of  the  statistics  is 
biased,  i.e.,  the  definition  of  variance  is, 

, N ? 

ax2  N 2 <x4  " x>  (3.4) 

X N i=1  1 

as  given  in  reference  [15].  The  MAIN  program  gives  an  indication  if  an 
overflow  occurred  in  the  filter  or  integrator  operation  and  also  the 
total  number  of  A/D  saturations  over  all  dwells.  The  MAIN  program  calls 
the  subroutine  RANDU  for  picking  a uniformly  distributed  random  phase 
starting  angle  for  the  doppler  signal.  The  subroutines  RANDU  and  RANDM 
are  not  described  in  this  report  because  they  are  canned  programs  which 
depend  on  the  host  computer  being  used. 

The  subroutine  I AD  simulates  the  A/D  converter  scheme  given  by 
Equation  3.1  and  Fig.  3.1  of  Reference  [14].  This  scheme  represents  the 
actual  'Computer  Labs  - A/D  Converter  Model  - 5905'  being  used  by  the 
Radar  Technology  Branch  of  the  U.S.  Arm>  Missile  Comnand  at  Huntsville. 
Note  that  the  output  of  the  A/D  converter  is  in  two's  complement  binary 
form  with  a unique  "offset1,  i.e.,  the  quantization  intervals  are  centered 
at  ±QI/2,  ±3QI/2,  ±5QI/2  and  so  on.  Normally  one  would  expect  the  quanti- 
zation intervals  to  be  centered  at  0.0,  ±QI,  ±2QI,  ±3QI  and  so  on  [16]. 

For  an  "ideal"  3-bit  A/D  converter  equal  and  opposite  analog  voltages  if 
added  after  conversion  to  two's  complement  numbers  yield  a zero  result 
if  the  carry  is  ignored,  e.g.,  when  QI=0.25, 

+ 0.125  = 0012  4 0.375  = nl02 

- 0.125  * 1112  - 0.375  = 1102 

sum  0.000  = 1)0002  , 0.000  = 1)0002 

For  a 3-bit  A/D  converter  with  the  actual  offset  scheme  being  used, 

+ 0.125  = 0002  + 0.375  = 0012 

- 0.125  = 1112  - 0.375  = no2 

sum  0.000  t 1 n2  , 0.000  / m2 

The  sum  in  this  case  does  not  result  in  a zero.  This  is  a disadvantage 
of  the  A/D  scheme  being  used,  however,  once  the  output  numbers  are  avail- 
able they  are  treated  as  two's  complement  numbers.  Although  these  numbers 
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contain  the  'offset',  no  correction  is  applied  because  the  actual  hard- 
ware system  [1]  is  built  in  this  manner.  The  flow  chart  for  the  sub- 
routine IAD  is  shown  in  Fig.  3.3.  Note  that  it  gives  a saturation  indi 
cation  if 


J x i > 1.0  , (3.5) 

where  x is  the  input  analog  signal  sample. 

The  flow  chart  fcr  subroutine  COEF  is  shown  in  Fig.  3.4.  COEF 
quantizes  a filter  coefficient  to  a specified  bit-length.  The  routine 
requires  that  the  quantization  interval  and  the  level  be  specified.  Note 
that  it  uses  a round  off  procedure  which  increases  the  magnitude  of  the 
number  by  one  if  the  remainder  of  the  number  after  integer  quantization 
is  greater  than  or  equal  to  a half  quantization  interval  (see  flow  chart 
for  details). 

The  simulation  of  two's  complement  addition  is  implemented  by  the 
subroutine  ADD.  Two  numbers  in  two's  complement  'integer  decimal'  form 
with  the  same  level  are  added,  the  carry  is  ignored,  and  any  overflow  is 
detected  and  a flag  is  set  by  this  routine.  The  flow  chart  is  shown  in 
Fig.  3.5, 

The  function  subprogram  MIJL  simulates  two's  complement  multiplication. 
The  flow  chart  is  shown  in  Fig.  3.6.  The  two  numbers  are  first  converted 
to  sign  magnitude  representation  (in  decimal  integers),  lultiplied  and 
then  converted  back  to  the  two's  complement  'integer  decimal'  form. 

For  word-length  truncation  and  expansion  a function  subprogram  ITREX 
was  used  which  truncates  the  least  significant  fractional  bits  and  expands 
at  the  most  significant  integer  end.  The  expansion  for  a positive  number 
involves  appending  zeros  and  that  for  a negative  number  involves  ones  at 
the  most  significant  integer  end.  The  extent  of  truncation  or  expansion 
is  specified  by  levels.  If  the  number  to  be  truncated  or  expanded  does 
not  have  a sign  bit  it  is  essential  to  compute  the  level  by  adding  a 
fictitous  sign  bit  to  the  actual  bit-length.  The  flow  chart  for  ITREX  is 
shown  in  Fig.  3.7. 

The  function  subprogram  MAGNF  finds  the  magnitude  of  a two's  comple- 
ment number  and  expresses  it  as  a positive  decimal  integer.  Its  flow 
chart  is  shown  in  Fig.  3.8.  Note  that  it  rounds  up  a negative  number  if 
it  is  the  largest  negative  number  representable  in  the  two's  complement 
scheme  (LEVEL/2)  to  avoid  a zero  output.  As  for  example,  for  a 3-bit 
number  (LEVEL/2)  = 1002.  This  needs  to  be  rounded  up  to  1012  to  avoid  a 
zero  output. 

For  each  antenna  dwell  the  MAIN  program  calls  the  subroutine  UPDATQ 
once  to  generate  NPULSE  samples  of  clutter  for  each  of  the  I and  the  Q 
channel  filters,  UPDATQ  uses  the  1024  Gaussian  random  samples  generated 
by  STARTQ.  It  uses  INCGAU  samples  (a  subset  of  the  above  1024)  for  each 
dwell.  INCGAU  is  calculated  by  STARTQ  and  depends  on  clutter  and  system 
parameters.  If  all  the  samples  generated  by  STARTQ  are  exhausted  it 
calls  RANDM  and  generates  1024  more  Gaussian  samples.  It  then  convolves 
INCGAU/2  samples  with  the  clutter  model  filter  impulse  response  (generated 
by  STARTQ)  and  generates  a set  of  NPULSE  clutter  samples  shaped  according 
to  the  desired  power  spectrum.  This  process  is  duplicated  for  the  Q chan- 
nel as  can  be  seen  in  the  flow  chart  in  Fig.  3.9. 
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Fig.  3.4  (Continued) 
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Fig.  3.7  Flow  Chart  for  Function  Subprogram  ITREX 


55 


Fig.  3.8  Flow  Chart  for  Furr.tion  Subprogram  MAGNF 
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Fig.  3.8  (Continued) 
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For  each  residue  (o'’  cycle)  the  MAIN  program  calls  the  subroutine 
PULSEQ  once  to  generate  NDELAY  samples  of  signal  using  the  starting  phase 
picked  by  MAIN  for  the  first  sample  of  the  first  residue.  For  each  sub- 
sequent sample  the  phase  is  incremented  by 

2 ( Doppler  frequency  1 
CT(  1 Pulse  Repetition  frequency  I ’ 

If  clutter  Is  to  be  added,  NDELAY  out  of  NPULSE  samples  of  clutter  gen- 
erated by  UPDATQ  are  utilized.  For  the  next  cycle  the  next  consecutive 
set  of  NDELAY  samples  are  used.  The  flow  chart  for  PULSEQ  is  shown  in 
Fig.  3.10. 

The  subroutine  FILTNQ  simulates  the  fixed-window  non-recursive  MTI 
filter  being  used.  FILTNQ  is  used  for  both  the  in-phase  and  the  quadra- 
ture channel  filtering.  As  can  be  seen  from  the  flow  chart  in  Fig.  3.11, 
it  makes  use  of  the  subprograms  IAD,  MUL,  ITREX,  ADD  and  MAGNF  for  all 
the  computations.  IAD  converts  the  analog  signal  sample  provided  by 
PULSEQ  to  a two's  complement  number,  MUL  multiplies  it  by  the  respective 
quantized  filter  coefficient,  ITREX  truncates  and  expands  the  product, 

ADD  accumulates  NDELAY  such  products  and  finally  MAGNF  gives  the  magnitude 
of  the  filter  accumulator  after  NDELAY  additions.  FILTNO  also  counts  the 
number  of  A/D  saturations  and  the  number  of  addition  overflows. 

The  function  subprogram  IRMSA  is  flow  charted  in  Fig.  3.12  and  im- 
plements the  hardware  RMS  approximation  algorithm.  The  algorithm  is  out- 
lined by  Equation  2.2. 

The  integrator  simply  accumulates  the  RMS  outputs  and  is  implemented 
by  the  MAIN  program  by  using  ADD. 

3.1,3  Suggestions  for  Improvement 

From  the  point  of  view  of  increasing  the  speed  and  efficiency  of 
computation  the  following  improvements  in  the  simulation  package  are  in 
order: 

1)  Since  STARTQ  is  used  once  only  in  the  entire  simulation 
of  NDWEL  dwells  and  does  not  perform  a repetitive  task 
it  ought  to  be  eliminated  as  a subroutine.  By  making  it 
a part  of  the  MAIN  program  the  time  lost  in  calling 
STARTQ  and  transferring  all  the  parameters  read  and  com- 
puted by  STARTQ  to  MAIN  can  be  saved. 

2)  STARTQ  and  UPDATQ  generate  Gaussian  random  samples  and 
convert  them  to  clutter  samples  even  when  clutter  is  not 
to  be  used  in  the  simulation.  The  time  lost  in  this  can 
be  saved  by  bypassing  these  steps  if  clutter  is  not  to 
be  used. 

3)  Presently  STARTQ  generates  1024  Gaussian  random  samples 
and  for  each  dwell  UPDATQ  tests  if  more  are  necessary 
and  if  so  generates  1024  more  samples.  A better  way 
would  be  to  generate  the  exact  number  of  samples  neces- 
sary for  each  dwell  by  UPDATQ  itself. 
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Fig.  3.10  (Continued) 
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Fig.  3.11  Flow  Chart  for  Subroutine  FI LTNQ 
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Fig.  3.11  (Continued) 
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4)  The  subroutine  AN  IT  is  used  to  set  up  an  initial  value 
when  RANDM  is  called  for  the  first  time.  There  is  no 
need  for  a special  routine  for  this  purpose,  it  can  be 
incorporated  in  UPDATQ  itself. 

The  above  suggestions  were  incorporated  in  a trial  program  and  did 
result  in  a considerable  saving  of  computer  time  for  a typical  run.  They 
were  not  made  a permanent  feature  of  the  fixed-point  simulation  package 
but  were  utilized  while  constructing  the  floating-point  simulation  pack- 
age. 

3.2  DISCUSSION  OF  SIMULATION  RESULTS 

The  effect  of  different  host  computers  on  the  simulation  results  is 
discussed  briefly  in  Section  3.2.1.  In  Section  3.2.2  simulation  results 
obtained  with  the  UNI VAC  1110  system  are  presented  graphically.  Finally, 
a comparison  is  made  between  the  theoretical  results  of  Chapter  2 and  the 
simulation  results  presented  in  this  chapter. 

3.2.1  Simulation  Results  from  Different  Host  Computers 

The  original  fixed-point  filter  simulation  program  was  developed  by 
the  UAH  Communications  Group  [14]  on  an  unknown  computer  system.  After 
that  the  program  was  modified  to  accommodate  quantization  error  study  [8] 
and  used  to  obtain  results  on  a CDC-3600  computer  system.  On  this  system 
the  program  used  a canned  routine  RANF  to  generate  uniformly  distributed 
random  phase  values.  When  the  program  was  made  compatible  with  the 
UNI  VAC  1110  system  another  canned  routine  RANDU  was  used  for  the  same 
purpose.  The  starting  value  and  the  listing  for  RANDU  appear  in  Appendix 
E.  Apparantly  RANF  had  a built  in  starting  value  but  its  listing  was  un- 
available, so  any  differences  between  the  two  could  not  be  compared.  The 
effect  of  this  was  seen  primarily  in  the  number  of  A/D  converter  satura- 
tions when  clutter  was  added  to  signal  samples.  This  made  for  some  small 
but  significant  changes  in  the  results.  Also,  it  is  conjectured  that  the 
software  algorithms  used  by  the  two  systems  for  calculating  library  func- 
tions such  as  sine,  cosine  (which  are  very  important  for  signal  genera- 
tion), log,  etc.,  differ  in  accuracy  and  make  for  some  changes  in  the  re- 
sult. However,  the  results  from  the  two  systems  followed  the  same  trends 
very  closely.  The  minor  deviations  were  observed  at 

1)  extremely  low  doppler  frequencies, 

2)  doppler  frequencies  very  close  to  half  the  pulse 
repetition  frequency,  and 

3)  very  small  truncated  product  bit-lengths. 

A detailed  comparison  can  be  made  by  comparing  the  results  documented  in 
reference  [8]  and  those  in  the  next  section. 
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3.2.2  Graphical  Presentation  of  Simulation  Results 

Simulation  results  were  obtained  for  the  sets  of  nine  and  five  fil- 
ter coefficients  shown  in  Table  3-2.  Results  for  the  nine  coefficient 
case  are  discussed  first. 

TABLE  3-2 

FILTER  COEFFICIENT  SETS 


9 - Tap 

5 - Tap 

- 0.159480 

- 0.280040 

- 0.089430 

- 0.163400 

- 0.105110 

0.888680 

- 0.115390 

- 0.163400 

0.940430 

- 0.280040 

- 0 115390 

- 0.105110 

- 0.089430 

- 0.159480 

The  average  error  for  the  hardware  RMS  and  perfect  RMS  implementations 
as  a function  of  doppler  frequency  are  plotted  in  Fig.  3.13,  for  three  dif- 
ferent signal  amplitudes  and  no  clutter.  The  ripple  effect  in  the  hard- 
ware RMS  cases  is  explained  by  the  fact  that  the  MTI  digital  filter  re- 
sponse has  local  peaks  at  750  end  1900  Hz  and  local  minima  at  1500  and  2400 
Hz.  The  ripple  in  the  perfect  RMS  case  does  not  closely  correlate  with  the 
filter  response  curve.  Also,  the  perfect  RMS  has  negative  average  errors 
for  some  cases  while  the  hardware  RMS  has  positive  average  error  for  all 
cases.  The  increase  in  the  magnitude  of  the  average  error  for  extremely 
low  frequencies  in  the  stopband  has  not  been  explained. 

Fig.  3.14  presents  the  variance  results  as  a function  of  frequency 
for  the  same  cases  mentioned  above.  The  hardware  RMS  cases  show  much  more 
variation  than  their  counterparts  in  Fig.  3.13.  There  is  a strong  ampli- 
tude dependence  for  the  hardware  RMS  cases  while  the  perfect  RMS  cases  do 
not  show  such  a strong  amplitude  dependence.  Note  that  the  perfect  RMS 
cases  are  closely  grouped  together. 

The  minimum,  maximum  and  average  errors  are  shown  in  Figs.  3.15  and 
3.16  for  signal  amplitudes  of  0.025  and  0.413  volts  respectively,  with 
no  clutter  and  for  the  hardware  RMS  algorithm.  Note  that  the  middle  of 
the  extreme  values  is  in  general  agreement  with  the  average  value.  This 
suggests  a symmetrical  distribution  about  the  mean  for  the  error  proba- 
bility density  function. 

Next,  the  average  error  and  variance  as  functions  of  truncated  pro- 
duct bit-length  MT  for  the  hardware  algorithm  with  a doppler  frequency  of 
1500  Hz,  are  shown  in  Figs.  3.17  and  3.18.  The  cases  for  five  different 
signal  amplitudes  without  clutter  are  shown.  It  is  to  be  expected  that 
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(0.996 ,H) 


(0.413, H) 


Note:  Magnitudes  are  plotted. 

Negative  values  are  indicated 
by  x.  The  dashed  lines  indicate 
positive-negative  transitions. 


Fig.  3.13  Average  Error  as  Function  of  Doppler  Frequency  (9-Tap  Fixed- 
Point  Simulation  Results,  No  Clutter,  MX  = MC  = 9,^MT  = 17 - MF  = NE  = 20, 
= 24)  / 
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Variance 


Fig.  3.14  Variance  as  Function  of  Doppler  Frequency  (9-Tap  Fixed-Point 
Simulation  Results,  No  Clutter,  MX  = MC  = 9,  MT  = 17,  MF  = ME  = 20, 

MS  = 24) 
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Fig.  3.15  Hardware  RMS  Extreme  and  Average  Error  as  Function  of  Doppler 
Frequency  (9-Tap  Fixed-Point  Simulation  Results,  No  Clutter,  MX  = MC  = 9 
MT  = 17,  MF  = ME  = 20,  MS  = 24) 
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Fig.  3.16  Hardware  RMS  Extreme  and  Average  Error  as  Function  of  Doppler 
Frequency  (9-Tap  Fixed-Point  Simulation  Results,  No  Clutter,  MX  = MC  = 9 
MT  = 17,  MF  -*  ME  = 20,  MS  = 24) 
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Fig.  3.17  Hardware  RMS  Average  Error  as  Function  of  Truncated  Product 
Bit-length  (9-Tap  Fixed-Point  Simulation  Results,  No  Clutter,  Doppler 
Frequency  = 1500  Hz,  MX  = MC  = 9,  MF  = ME  = 20,  MS  = 24) 
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Fig.  3.18  Hardware  RMS  Variance  as  Function  of  Truncated  Product  Bit- 
length  (9-Tap  Fixed-Point  Simulation  Results,  No  Clutter,  Doppler  Frequen 
cy  = 1500  Hz,  MX  = MC  = 9,  MF  = ME  = 20,  MS  = 24) 


with  increasing  amplitude  the  ayerage  error  and  especially  the  variance 
would  increase  since  the  predominant  contributor  to  these  is  the  RMS  unit. 
The  output  of  the  RMS  un1’:  increase.,  with  signal  amplitude  and  the  error 
introduced  by  it  is  a ranuom  multiplicative  error  which  increases  with 
the  signal  amplitude.  Note  that  both  positive  and  negative  values  of 
average  error  are  present  and  that  break  points  are  between  product 
lengths  of  9 and  12  bits.  For  each  signal  amplitude  in  Figs.  3.17  and 
3.18  the  no  clutter  and  extreme  clutter  (as  explained  below)  cases  are 
presented  in  Fig.  3.19  to  3.28.  Alternately  they  give  the  average  error 
and  variance  for  the  hardware  RMS  case.  Five  different  signal-to-clutter 
power  ratios  were  tried,  viz.,  +3.0  dB,  0.0  db,  -3.0  dB,  -10.0  dB  and 
-20.0  dB.  For  each  signal  amplitude  the  most  negative  ratio  that  did  not 
show  ary  A/D  saturations  or  a very  minimal  number  of  saturations  was 
chosen  for  presentation.  Results  from  all  the  other  signal-to-ciutter 
ratios  higher  than  this  extreme  case  were  bounded  between  the  no  clutter 
and  extreme  clutter  cases.  It  needs  to  be  borne  in  mind  that  a total  of 
45,000  signal  plus  clutter  samples  are  used  in  a simulation  with  500 
dwells,  9 coefficients  and  5 residues.  From  Fig.  3.19  to  Fig.  3.28  it 
is  difficult  to  generalize  about  the  behavior  of  the  averaqe  error  curves 
as  a function  of  signal  amplitude  and  the  relation  between  the  no  clutter 
and  extreme  clutter  cases.  But,  the  variance  curves  show  a very  distinct 
trend.  For  each  signal  amplitude  the  variance  for  the  extreme  clutter 
case  is  higher  than  the  no  clutter  case.  This  seems  to  be  due  to  the 
added  contribution  of  the  clutter  variance  to  the  RMS  output  and  other 
quantization  noise  variances.  The  extent  of  deviation  from  the  no  clutter 
case  is  approximately  of  the  same  order  of  magnitude  except  in  the  cases 
of  signal  amplitudes  0.200  and  0.413.  But,  both  these  cases  exhibit  some 
amount  of  A/D  saturation  which  is  fairly  minimal  and  the  curves  do  follow 
the  same  general  trend. 

For  the  case  rf  MT=17  the  effect  of  the  signal  amplitude  on  hardware 
RMS  algorithm  average  error  and  variance  are  shown  in  Figs.  3.29  and  3.30. 
Each  figure  has  thu  no  emitter  curve  as  a reference  and  the  excursions  due 
to  different  signal-to-clutter  ratios  are  indicated.  It  is  seen  that  when 
clutter  does  not  cause  excessive  A/D  saturations,  the  clutter  cases  are 
grouped  together  and  their  deviation  from  the  no  clutter  case  decreases 
as  the  signal  amplitude  increases. 

Next,  the  results  for  the  five  coefficient  case  are  presented.  Fig- 
ures 3,3'..  and  3.32  present  data  similar  to  the  Figures  3.17  and  3.18 
which  are  for  the  nine  coefficient  case.  The  hardware  RMS  algorithm 
average  error  and  variance  increase  with  increasing  signal  amplitude  just 
like  the  nine  coefficient  case.  The  average  error  again  shows  both  posi- 
tive and  negative  values  and  the  break  points  are  between  product  lengtns 
of  9 and  13.  Thi  five  coefficient  case  values  arc  about  an  order  of  mag- 
nitude larger  than  the  nine  coefficient  case.  This  is  to  be  expected 
since  the  number  of  residues  in  this  case  is  nine  as  opposed  to  five  in 
the  previous  case  and  this  means  an  increased  number  of  RMS  outputs  inte- 
grated. Also, 1500  Hz  represents  a relative  minimum  in  the  frequency 
response  of  the  nine  coefficient  filter  whereas  for  the  five  coefficient 
filter  it  is  not  a relative  minimum  and  has  a higher  transfer. 

Again  Figrres  3.33  to  3.42  present  results  in  a manner  similar  to 
that  of  i igures  3.19  to  3.28  of  the  nine  coefficient  case.  It  is  diffi- 
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Note:  Magnitudes  are  plotted.  Negative  values 

are  indicated  by  x.  The  dashed  lines 
indicate  positive-negative  transitions. 
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Fig.  3.19  Hardware  RMS  Average  Error  as  Function  of  Truncated  Product 
Bit-length  (9-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 
1500  Hz,  MX  = MC  = 9,  MF  = ME  = 20,  MS  = 24) 
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r;,  320  Hardware  RMS  Variance  as  Function  of  Truncated  Product  Bit- 

length" ^-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = IS- 
uiv  = rc  = 0.  MF  = ME  = 20,  MS  = 24) 
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Note:  Magnitudes  are  plotted.  Negative  values 

are  indicated  by  x.  The  dashed  lines 
indicate  positive-negative  transitions. 
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Fig.  3.21  Hardware  RMS  Average  Error  as  Function  of  Truncated  Product 
Bit-length  (9-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 
1500  Hz,  MX  = MC  = 9,  MF  = ME  = 20,  MS  = 24) 
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Fig.  3.22  Hardware  RMS  Variance  as  Function  of  Truncated  Product  Bit 
length  (9-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 150 
MX  = MC  = 9,  MF  * ME  = 20,  MS  = 24) 


Note:  Magnitudes  are  plotted.  Negative  values 

are  indicated  by  x.  The  dashed  lines 
indicate  positive-negative  transitions. 


Legend:  (n) 

n = Number  of  A/D  Converter  Saturations  when 
Clutter  Is  used. 
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Fig.  3.23  Hardware  RMS  Average  Error  as  Function  of  Truncated  Product 
Bit-1  ingth  (9-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 
1500  Hz,  MX  = MC  = 9,  MF  = ME  = 20,  MS  = 24) 
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Legend:  (n) 

n = Number  of  A/D  Converter  Saturations  when 
Clutter  is  used. 
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Fig.  3.24  Hardware  RMS  Variance  as  Function  of  Truncated  Product  Bit- 
length  (9-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 1500  Hz, 
MX  = MC  = 9,  MF  = ME  = 20,  MS  = 24) 
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n = Number  of  A/D  Converter 
Saturations  when  Clutter 
is  used. 
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Fig.  3.25  Hardware  RMS  Average  Error  as  Function  of  Truncated  Product 
Bit-length  (9-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 
1500  Hz,  MX  = MC  = 9,  MF  = ME  = 20,  MS  = 24) 
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Fig.  3.26  Hardware  RMS  Variance  as  Function  of  Truncated  Product  Bit- 
length  (9-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 1500  Hz, 
IX  = MC  = 9,  MF  = ME  = 20,  MS  = 24) 
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Fig.  3.27  Hardware  RMS  Average  Error  as  Function  of  Truncated  Product 
Bit-length  (9-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 
1500  hz,  MX  = MC  = 9,  MF  = ME  = 20,  MS  = 24) 


Legend:  (n) 

n = Number  of  A/D  Converter  Saturations 
when  Clutter  is  used. 
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Fig.  3.28  Hardware  RMS  Variance  as  Function  of  Truncated  Product  Bit- 
length  (9-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 1500  Hz, 
MX  = MC  = 9,  MF  = ME  = 20,  MS  = 24) 
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Fig.  3.29  Hardware  RMS  Average  Error  as  Function  of  Signal  Amplitude 
(9-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 1500  Hz, MX 
MC  = 9,  MI  = 17,  MF  = ME  3 20,  MS  = 24) 
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Fig.  3.30  Hardware  RMS  Variance  as  Function  of  Signal  Amplitude  (9-Tap 
Fixed-Point  Simulation  Results,  Doppler  Frequency  = 1500  Hz,  MX  = = 

= 17,  MF  = ME  = 20,  MS  = 24) 


Note:  Magnitudes  are  plotted.  Negative  values  are 
indicated  by  x.  The  dashed  lines  indicate 
positive-negative  transitions. 
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Fig.  3.31  Hardware  RMS  Average  Error  as  Function  of  Truncated  Product 
Bit-length  (5-Tap  Fixed-Point  Simulation  Results,  No  Clutter,  Doppler 
Frequency  = 1500  Hz,  MX  = MC  = 9,  MF  = ME  = 20,  MS  = 24) 
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Fig.  3.32  Hardware  RMS  Variance  as  Function  of  Truncated  Product  Bit- 
length  (5-Tap  Fixed-Point  Simulation  Results,  No  Clutter,-  Doppler  Frequen- 
cy = 1500  Hz,  MX  = MC  = 9,  MF  = HE  = 20,  MS  = 24) 
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Note:  Magnitudes  are  plotted.  Negative  values 
are  Indicated  by  x.  The  dashed  lines 
indicate  positive-negative  transitions. 
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Fig.  3.33  Hardware  RMS  Average  Error  as  Function  of  Truncated  Product 
Bit-length  (5-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 
1500  Hz,  MX  = MC  = 9,  MF  = ME  = 20,  MS  = 24) 
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Fig.  3.35  Hardware  RMS  Average  Error  as  Function  of  Truncated  Product 
Bit-length  (5-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 
1500  Hz,  MX  = MC  = 9,  MF  = ME  = 20.  MS  = 24) 
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Fig.  3.36  Hardware  RMS  Variance  as  Function  of  Truncated  Product  Bit- 
length  (5-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 1500  Hz, 
MX  - MC  = 9,  MF  = ME  = 20,  MS  = 24) 
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Note:  Magnitudes  are  plotted.  Negative  values  are 
indicated  by  x.  The  dashed  lines  indicate 
neguti ve-pos i ti ve  transi ti ons . 
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Truncated  Product  Bit-length,  MT 

Fig.  3.37  Hardware  RMS  Average  Error  as  Function  of  Truncated  Product 
Bit-length  ( 5- Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 
1500  Hz,  MX  = MC  = 9,  MF  = ME  - 20,  MS  = 24) 
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Truncated  Product  Bit-length,  MT 

Fig.  3.38  Hardware  RMS  Variance  as  Function  of  Truncated  Product  Bit- 
length  (5-Tap  Fixed-Point  Simulation  Results,  Toppler  Frequency  = 1500  Hz, 
MX  = MC  = 9,  MF  - ME  = 20,  MS  = 24) 


Note:  Magnitudes  are  plotted.  Negative  values 

are  indicated  by  x.  The  dashed  lines 
indicate  positive-negative  transitions. 


Signal  Amplitude  = (1.300V 


No  Clutter 


Legend:  (n) 

n * Number  of  A/D  Converter 
Saturations  when  Clutter 
is  used. 


-3.0  dB  With  Clutter 
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Truncated  Product  Bit-length,  MT 

Fig.  3.39  Hardware  RMS  Average  Error  as  Function  of  Truncated  Product 
Bit-lenqtn  (5-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 
1500  Hz,  MX  = MC  = 9,  MF  = ME  = 20,  MT  = 24) 


Vari ance 


Truncated  Product  Bit-length,  MT 

Fig.  3.40  Hardware  RMS  Variance  as  Function  of  Truncated  Product  Bit- 
length  (5-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 1500  Hz, 
4X  = MC  = 9,  MF  = ME  = 20,  MS  = 24) 


Note:  Magnitudes  are  plotted.  Negative  values  are 
indicated  by  x.  The  dashed  lines  indicate 
positive-negative  transitions. 


Signal  Amplitude  = 0.413V 
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Truncated  Product  Bit-length,  M7 

Fig.  3.41  Hardware  RMS  Average  Error  as  Function  of  Truncated  Product 
Bit-length  (5-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  = 
1500  Hz,  MX=  MC  = 9,  MF  = ME  = 20,  MS  = 24) 
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Truncated  Product  Bit-length,  MT 

Fig.  3.42  Hardware  RMS  Variance  as  Function  of  Truncated  Product  Bit- 
length  (6-Tap  Fixed-Point  Simulation  Results,  Doppler  Frequency  - 1500  Hz, 
MX  = MC  s 9,  MF  = ME  = 20,  MS  = 24) 


cult  to  generalize  the  trends  in  the  average  error  but  the  variance 
curves  show  a new  trend.  For  each  signal  amplitude  the  variance  curve 
for  the  extreme  clutter  case  now  falls  below  the  no  clutter  case.  This 
seems  contrary  to  expectations.  It  may  be  due  to  statistical  dependences 
between  the  clutter,  the  RMS  output  and  other  quantization  noise  giving 
rise  to  some  large  negative  cross-product  terms  which  may  cause  the  clut- 
ter case  to  fall  below  the  no  clutter  case. 

Figures  3.43  and  3.44  present  data  similar  to  Figures  3.29  and  3.30 
and  lead  to  the  same  conclusions,  i.e. , the  excursions  due  to  the  dif- 
ferent signal-to-clutter  ratios  from  the  no  clutter  case  decrease  as  the 
signal  amplitude  increases.  Also  when  clutter  does  not  cause  excessive 
A/D  saturations,  the  clutter  cases  for  a specific  signal  amplitude  are 
grouped  together. 

3.2.3  Comparison  of  Theoretical  and  Simulation  Results 

A comparison  is  made  between  the  theoretical  and  simulation  results 
for  the  following  9-Tap  cases  {where  the  doppler  frequency  is  1500  Hz). 

1)  Average  error  and  variance  as  functions  of  truncated 
product  bit-length  MT  for  signal  amplitudes  of  0.025V 
and  0.413V. 

2)  Average  error  and  variance  as  functions  of  signal 
amplitude  with  the  product  bit-length  MT  = 17. 

First,  for  the  signal  amplitude  of  0.025V,  Fig.  3.19  gives  the  hard- 
ware RMS  average  error  as  a function  of  MT.  The  theoretical  upper  bound 
for  this  case  is  shown  in  Figures  2.4  and  2.5  as  the  curve  corresponding 
to  ME=20.  It  is  seen  that  for  each  value  of  MT  in  Fig.  3.19  the  simula- 
tion results  are  at  least  an  order  of  mac-'tude  higher  than  the  lower 
bound  curve.  The  hardware  RMS  variance  is  shown  in  Fig.  3.20  and  the 
related  bound  curves  are  obtained  from  Fig.  2.10.  The  upper  bound  curve 
is  essentially  the  same  for  all  ME>_11.  For  the  entire  range  of  MT  values 
the  upper  bound  has  values  greater  than  0.0008  whereas  the  simulation  re- 
sults are  all  at  least  two  orders  of  magnitude  below  this  value.  The 
lower  bound  value  is  identically  zero  and  hence  is  below  the  simulation 
results. 

For  the  signal  amplitude  of  0.413V  the  hardware  RMS  average  error 
as  a function  of  truncated  product  bit-length  is  given  in  Fig.  3.27.  The 
corresponding  upper  bound  values  appear  in  Fig.  2.12  as  the  curve  for 
ME=20.  Alternatively,  in  Fig.  2.13  the  curve  for  ME=15  is  approximately 
the  same  as  the  curve  for  ME=20.  For  values  of  MT  from  8 to  12  the  upper 
bound  curve  is  several  orders  of  magnitude  higher  than  the  simulation  re- 
sults but,  for  values  of  MT  from  12  to  17  the  simulation  results  approach 
closely  the  upper  bound  value  but  are  always  smaller  than  the  bound.  For 
MT=17  where  they  are  the  closest  the  upper  bound  value  is  approximately 
0.03  whereas  the  simulation  value  is  0,0135.  Figure  2.14shows  a lower 
bound  average  error  curve  for  which  fC=MT+3.  This  condition  ensures  that 
no  residue  truncation  error  is  produced  at  the  Integrator  output.  Conse- 
quently, this  curve  can  be  used  to  compare  to  the  simulation  value  of  ME3 
20.  It  is  seen  that  the  lower  bound  curve  is  lower  than  the  simulation 
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Legend:  Signal-Clutter  Ratio 
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Fig.  3.44  Hardware  RMS  Variance  as  Function  of  Signal  Amplitude  (5-Tap 
Fixed-Point  Simulation  Res  Us,  Doppler  Frequency  = 1500  Hz,  MX  ~ MC  = 
MT  = 17,  MF  = ME  = 20,  MS  24) 
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results  by  a little  less  than  an  order  of  magnitude.  The  hardware  RMS 
variance  is  shown  in  Fig.  3.28  and  the  related  bound  curves  in  Fig.  2.16. 
The  upper  bound  curve  (same  as  that  for  ME=9)  is  about  three  orders  of 
magnitude  higher  than  the  simulation  results.  The  lower  bound  is  identi- 
cally zero  and  hence  below  the  simulation  results. 

Next,  the  comparison  is  made  for  the  error  results  with  varying 
signal  amplitudes.  The  simulation  results  are  for  MT=17  and  ME=20.  The 
hardware  RMS  average  error  is  shown  in  Fig.  3.29.  Figures  2.19  and  2.20 
show  bound  curves  for  MT=13  and  ME=16  and  are  very  close  to  the  bound 
curves  for  MT-17  and  ME-20.  It  is  seen  that  for  low  signal  amplitudes 
the  simulation  results  are  about  an  order  of  magnitude  below  the  upper 
bound.  However,  as  the  signal  amplitude  Increases  the  simulation  results 
converge  towards  the  upper  bounds.  At  the  closest  point  the  upper  bound 
value  is  approximately  0.03  whereas  the  simulation  value  is  0.0135.  The 
lower  bound  curve  stays  at  least  an  order  of  magnitude  below  the  simula- 
tion results.  These  observations  hold  for  the  simulation  results  with 
and  without  clutter.  A similar  comparison  for  the  variance  values  can  bt 
made  with  the  help  of  the  simulation  results  of  Fig.  3.30  and  the  bound 
results  of  Fig.  2.21.  The  upper  bound  curve  is  at  least  three  orders  of 
magnitude  higher  than  the  no  clutter  simulation  curve.  The  simulation 
results  with  clutter  also  fall  below  the  bound  curve  with  the  exception 
of  one  case,  viz.,  signal  amplitude  of  0.300V  and  slgnal-to-clutter  power 
ratio  of  -10.0  dB.  This  is  accounted  for  by  the  fact  that  a large  number 
of  A/D  saturations  occurred.  The  variance  lower  bound  is  identically 
zero,  thus  it  bounds  all  the  simulation  results. 


104 


4 


CHAPTER  4 

FLOATING-POiNT  AND  BLOCK-FLOATING-POINT  PROCESSORS 
by  Brian  P.  Holt 


4.1  GENERAL  FLOATING-POINT  CONSIDERATIONS 

In  fixed-point  realizations  of  the  moving  target  indicator  (MTI) 
portion  of  the  DSP  system  it  is  convenient  to  think  of  the  numbers  as 
fractions.  The  product  of  two  numbers  is  then  also  a fraction  and  the 
least  significant  bits  of  the  product  can  be  truncated  or  rounded  to 
maintain  a given  wo^d  length.  The  result  of  an  addition  need  not  be 
truncated  or  rounded  to  maintain  the  word  length;  however,  it  is  possible 
that  the  sum  exceeds  unity  in  which  case  an  overflow  has  occurred.  Thus 
it  is  essential  to  scale  the  inputs  to  the  MTI  by  an  appropriate  factor 
to  insure  that  overflows  do  nut  occu;  or,  conversely,  to  use  processor 
word  lengths  based  on  maximum  allowable  input  values. 

The  dynamic  range  limitations  of  a fixed-point  MTI  processor  can  be 
overcome  by  using  floating-point  arithmetic.  In  the  following  sections 
floating-point  representation  of  binary  numbers  is  introduced  and  the 
operations  required  to  implement  floating-point  arithmetic  are  examined. 
The  focus  of  the  discussion  is  on  signed  magnitude,  one's  complement  and 
two's  complement  schemes.  Other  notations  are  discussed  only  if  they 
may  offer  significant  advantages  in  performing  a particular  operation. 

It  is  assumed  that  the  reader  is  famii’ar  with  signed  magnitude,  one's 
complement  and  two's  complement  numbers  a;  discussed  in  the  literature 
[17,18].  In  the  following  discussion  the  most  significant  digit  (MSD)  of 
each  binary  number  is  the  sign  bit. 

4.1.1  Representing  Floating-Point  Numbers 

A binary  number  is  expressed  in  floating-point  form  as 

M • 2C 

where  M,  the  mantissa,  is  a positive  or  negative  real  number  and  C,  the 
characteristic  (often  called  the  exponent),  is  an  integer.  Using  this 
broad  definition,  a given  number  can  have  several  floating-point  repre- 
sentations. For  example,  the  decimal  number  +0.75  could  be  represented 
as  follows. 


BINARY  NUMBER 

INTERPRETATION 

0.1 102  • 2° 

+3/4  • 1 = +3/4 

o.on2  • 21 

+3/8  • 2 = +3/4 

01.1002  • 2'1 

+3/2  • 1/2  = +3/4 

105 


In  signal  processing  applications  it  is  convenient  if  the  mantissas 
of  floating  point  numbers  are  fractions.  When  a multiplication  of  two 
numbers  is  performed  (by  multiplying  the  mantissas  as  fixed-point  frac- 
tions and  adding  the  characteristics)  the  mantissa  of  the  result  is  a 
fraction  (the  location  of  the  radix  point  is  fixed).  Truncation  or  round- 
ing of  the  product  is  done  by  truncating  or  rounding  the  appropriate 
number  of  bits  from  the  mantissa  just  as  if  it  were  a fixed-point  frac- 
tion. Truncation  and  rounding  introduce  errors  in  the  floating-point 
representation  of  a number.  (For  a discussion  of  the  statistics  of  trun- 
cation and  rounding  errors  in  floating-point  numbers  see  Appendix  C.) 

The  magnitude  of  the  resultant  error  is  minimized  if  the  floating-point 
number  is  'normalized',  as  described  in  the  following  section,  before 
the  truncation  or  rounding  takes  place. 

4.1.2  Normalizing  Floating-Point  Numbers 

A floating-point  number  is  said  to  be  normalized  if 


1/2  < |M|  < 1 . (4.1) 

Thus,  a floating-point  number  is  normalized  by  multiplying  or  dividing 
the  mantissa  by  2 until  its  magnitude  falls  within  the  desired  range. 

By  adding  1 to  the  characteristic  for  each  division  by  2 and  subtracting 
1 for  each  multiplication,  the  overall  value  of  the  floating-point  num- 
ber is  preserved.  Table  4-1  shows  fixed-point  and  normalized  floating- 
point representations  of  fractions  in  signed  magnitude,  one's  complement 
and  two's  complement  notation.  In  the  table,  both  the  mantissa  and  the 
characteristic  of  each  floating  point  number  are  represented  in  the  same 
notation,  i.e.,  signed  magnitude,  one's  complement,  etc.  This  need  not 
be  the  case.  Often,  hardware  requirements  can  be  reduced  by  using  one 
scheme  for  representing  the  mantissas  and  another  for  representation  of 
the  characteristics. 

According  to  the  definition  given  above,  the  floating-point  repre- 
sentation of  zero  can  never  be  normalized.  However,  it  is  often  con- 
venient to  establish  the  convention  that  the  floating-point  representation 
of  zero  is  normalized  by  setting  the  characteristic  to  the  most  negative 
value  it  can  have.  The  reason  for  this  is  made  clear  in  Section  4.1.4. 

Shifting  the  bits  of  a binary  number  left  one  position  relative  to 
the  radix  point  is  equivalent  to  multiplying  the  number  by  2 and  shifting 
them  right  one  position  is  equivalent  to  dividing  by  2.  Thus,  normaliza- 
tion can  be  accomplished  by  shifting  the  bits  of  the  mantissa  left  or 
right  the  appropriate  number  of  positions  and  adjusting  the  characteris- 
tic accordingly.  If  the  mantissas  of  the  numbers  used  are  fractions,  a 
right  shift  is  needed  only  when  the  result  of  an  addition  overflows  into 
the  least  significant  integer  position.  Thus,  at  most  one  right  shift 
is  needed  and  the  sign  bit  then  would  occupy  the  vacated  integer  bit 
position. 

The  algorithm  for  normalization  of  positive  floating-point  numbers 
in  all  three  notations  of  Table  4-1  is  as  follows. 
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TABLE  4-1  NUMBER  SYSTEM  REPRESENTATIONS 


; 
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1. 


* 


Shift  the  mantissa  right  or  left  until  the 
most  significant  1 is  to  the  immediate  right 
of  the  radix  point. 

2.  Increase  the  characteristic  by  1 for  a right 
shift  and  decrease  it  by  1 for  each  left 

shi ft. 

3.  When  the  mantissa  is  shifted  left  a 0 is 
brought  into  the  vacated  LSB  position  and  any 
0 shifted  into  the  integer  portion  of  the 
mantissa  is  dropped. 

for  negative  numbers  the  algorithm  used  for  normalization  depends  upon 
th°  notation  being  used.  Signed  magnitude  negative  numbers  are  normal- 
ized using  the  same  algorithm  used  for  positive  numbers  if  we  interpret 
the  phrase  "most  significant  1"  to  mean  the  most  significant  1 excluding 
the  sign  bit. 

The  rules  for  normalizing  negative  one's  complement  numbers  are 
summarized  as  follows. 

1.  Shift  the  mantissa  right  or  left  until  the 
most  significant  0 is  to  the  immediate  right 
of  the  radix  point. 

2.  Increase  the  characteristic  by  1 for  a right 
shift  and  decrease  it  by  1 for  each  left 
shift  of  the  mantissa. 

3.  When  the  mantissa  is  shifted  left  a 1 is 
brought  into  the  vacated  LSB  position  and 
the  1 which  was  moved  to  the  left  of  the 
radix  point  is  dropped. 

The  algorithm  for  normalizing  two's  complement  negative  numbers  fol- 
lows. 

1.  If  the  magnitude  of  the  mantissa  is  a positive 
or  negative  integer  power  of  2,  shift  the  man- 
tissa so  that  the  most  significant  1 (excluding 
the  sign  bit)  which  has  a 0 to  its  immediate 
right  is  to  the  right  of  the  radix  point.  If 
tr.a  mantissa  contains  only  zeros  shift  right  one 
position  and  bring  a 1 into  the  vacated  MSB 
position. 

2.  If  the  magnitude  of  the  mantissa  is  not  an 
integer  power  of  2,  shift  the  mantissa  so  that 
the  most  significant  0 is  to  the  right  of  the 
radix  point. 

3.  Increase  the  characteristic  by  1 for  a right 
shift  of  the  mantissa  and  decrease  it  by  1 for 
each  left  shift. 

4.  When  the  mantissa  is  shifted  left,  any  bit 
shifted  past  the  radix  point  is  dropped  and  a 
0 is  brought  into  the  vacated  LSB  position. 
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The  hardware  for  normalizing  two's  complement  negative  numbers  is 
complicated  by  the  fact  that  the  algorithm  used  depends  upon  the  magni- 
t* jo  of  the  mantissa.  By  changing  the  rules  for  normalization  of  nega- 
tive two's  complement  numbers  this  complication  can  be  eliminated. 

The  definition  of  Equation  (4.1)  shall  be  changed  for  negative  two's 
complement  numbers  so  that 


1/2  < |M|  < 1 . (4.2) 

This  new  definition  makes  use  of  the  fact  that  the  decimal  number  -1  can 
be  represented  as  a two's  complement  fraction  (see  the  fixed-point 
representations  of  Table  4-1).  Using  Equation  (4.2)  the  rules  for  nor- 
malizing negative  two's  complement  numbers  are  as  follows. 

1.  Shift  the  mantissa  right  or  left  until  the 
most  significant  0 is  to  the  immediate  right 
of  the  radix  point. 

2.  Increase  the  characteristic  by  1 for  a right 
shift  and  decrease  it  by  1 for  each  left 
shift  of  the  mantissa. 

3.  when  the  man.issa  is  shifted  left  a 0 is 
brought  into  the  vacated  LSB  position  end 
the  1 which  was  moved  to  the  left  of  the 
radix  point  is  dropped. 

Table  4-2  shows  the  two's  com element  fixed-point  and  normalized  floating- 
point representation  of  numbers  based  on  Equation  (4.2). 

For  the  remainder  of  this  chapter  and  in  the  floating-point  simula- 
tion described  in  Chapter  6,  negative  two's  complement  numbers  are  nor- 
malized using  the  alternative  algorithm  based  on  Equation  (4.2). 

4.1.2  Multiplication 

Multiplication  of  floating-point  numbers  is  accomplished  by  taking 
the  product  of  the  mantissas  of  the  two  operands  just  as  if  they  were 
fixed-point  numbers  and  summing  the  characteristics.  It  is  not  neces- 
sary that  the  numbers  to  be  multiplied  be  normalized  but,  as  pointed  out 
previously,  it  is  cesirable  that  the  mantissas  be  fractions.  If  the  ;wo 
numbers  are  normalized,  however,  the  mantissa  of  the  product  will  be  a 
fraction  between  1/4  and  1 (except  of  course  when  either  or  both  of  the 
operands  are  zero)  and  normalization  of  the  result  would  never  require  a 
right  shift  and  at  most  one  left  shift  of  the  mantissa. 

4.1.3  Addition 

Addition  of  positive  and  negative  numbers  in  signed  magnitude  nota- 
tion is  complicated  by  the  fact  that  both  binary  adders  and  subtractors 
are  required.  Additional  circuitry  is  also  necessary  for  determining 
the  sign  of  the  result.  The  use  of  one's  complement  or  two's  complement 
numbers  allows  addition  and  subtraction  operations  to  be  carried  out 


TABLE  4-2  ALTERNATIVE  TWO'S  COMPLEMENT  REPRESENTATION 


Fraction  2's  Comp.  Fixed-Point  2's  Comp.  Floating-Point 

M C 


7/8 

0.111 

0.111 

000 

6/8 

0.110 

o.no 

000 

5/8 

0.101 

0.101 

000 

4/8 

0.100 

0.100 

000 

3/8 

0.011 

o.  no 

111 

2/8 

0.010 

0.100 

111 

1/8 

0.001 

0.100 

no 

+ 0 

0.000 

0.000 

100 

- 0 

— - 

-1/8 

1.111 

1.000 

101 

-2/8 

1.110 

1.000 

no 

-3/8 

1.101 

1.010 

in 

-4/8 

1.100 

1.000 

in 

-5/8 

1.011 

1.011 

000 

-6/8 

1.010 

1.010 

000 

-7/8 

1.001 

1.001 

000 

-8/8 

1.000 

1.000 

000 
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using  only  adder  circuitry.  Furthermore,  the  sign  of  the  result  is  de- 
termined as  a part  of  the  additiun  process.  Thus  the  DSP  would  use  a 
complement  system  and  this  section  is  devoted  to  explaining  floating- 
point addition  using  one's  complement  and  two's  complement  notations. 

Floating-point  numbers  are  added  by  summing  the  mantissas  as  if 
they  were  fixed-point  numbers.  Recall  that  in  adding  two  fixed-point 
binary  numbers,  the  radix  points  are  first  lined  up  so  that  bits  with 
equal  weights,  or  positional  coefficients,  are  added  together  and  carries 
are  propagated  to  the  column  with  the  next  higher  weight.  By  shifting 
the  mantissa  bits  of  the  two  floating-point  numbers  so  that  the  charac- 
teristics are  made  equal,  the  bits  in  corresponding  columns  of  the  man- 
tissas have  equal  weights  and  can  be  added  correctly.  This  process  of 
shifting  the  mantissa  bits  and  adjusting  the  characteristics  is  called 
'aligning*  and  is  explained  in  Section  4.1.4.  Once  the  two  numbers  are 
aligned  and  the  mantissas  added,  the  characteristic  of  the  sum  is  set 
equal  to  the  characteristics  of  the  aligned  numbers. 

When  one's  complement  or  two's  complement  numbers  are  added,  the 
sign  bits  are  treated  as  part  of  the  arithmetic  portion  of  the  operands 
as  illustrated  by  the  following  examples.  Notice  that  in  one's  comple- 
ment addition  a carry  propagated  out  of  the  sign  bit  column  is  added  to 
the  least  significant  bit  of  the  sum  and  any  carries  thereby  generated 
are  propagated  forward.  This  peculiarity  of  one's  complement  addition  is 
called  'end-around  carry'. 


Case  1 : Addition 

of  a positive 

and  negative 

number  never  results  ii 

overflow. 

Example  4-1: 

No  overflow 

One's  Complement 

Decimal 

Two's  Complement 

1.1101 

-2/16 

1.1110 

+ 0.0001 

+1/16 

+ 0.0001 

0)1.1110 

0)1.1111 

o 

1.1110 

-1/16 

1.1111 

Example  4-2: 

No  overflow 

One's  Complement 

Decimal 

Two's  Complement 

1.1101 

-2/16 

1.1110 

+ 0.1000 

8/16 

+ 0.1000 

1)0.0101 

1 

1)0.0110 

l 1 

0.0110 

+ 6/16 

o.ono 

Ill 


% 


Case  2:  Addition  of  two  positive  numbers 
bit  of  the  result  is  1. 

Example  4-3:  No  overflow 


results  in  overflow  if  the  sign 


r One's  Complement 

Decimal 

Two's  Complement 

j 0.1100 

+12/16 

0.1100 

+ 0.0010 

i 

+2/16 

+ 0.0010 

f 0)0.1110 

0)0.1110 

o 

J 

I 0.1110 

+14/16 

0.1110 

Example  4-4: 

Overflow 

One's  Complement 

Decimal 

Two's  Complement 

0.1100 

+12/16 

0.1100 

+ 0.1011 

+11/16 

+ 0.1011 

0)1.0111 

0)1.0111 

o 

J 

01.0111 

+23/16 

Cl. 0111 

Case  3:  Addition 

of  two  negative  numbers  results 

in  overflow  if  the  s 

bit  of  the  result  is  0. 

Example  4-5: 

No  overflow 

One's  Complement 

Decimal 

Two's  Complement 

1.1110 

-1/16 

1.1111 

+ 1.1101 

-2/16 

+ 1.1110 

1)1.1011 

1)1.1101 

U*  1 

1.1100 

-3/16 

1.1101 

Example  4-6: 

Overflow 

One's  Complement 

Decimal 

Two's  Complement 

1.0011 
+ 1.1010 

1)0.1101 

10.1110 


-12/16 

-5/16 

-17/16 

112 


1.0100 

1.1011 

1)0.1111 


When  an  overflow  occurs  in  the  addition  of  two  floating-point  man- 
tissas as  in  Examples  4-4  and  4-6,  the  carry  out  of  the  sign  column  of 
the  two  operands  then  becomes  the  sign  of  the  result.  The  result  is  then 
normalized  by  shifting  the  resultant  sum  to  the  right  and  increasing  the 
characteristic  as  explained  in  Section  4.1.2.  If  overflow  did  not  occur, 
it  is  possible  that  the  mantissa  will  have  to  be  shifted  left  and  the 
characteristic  decreased  until  the  magnitude  of  the  mantissa  is  in  the 
appropriate  range. 

Another  well  known  algorithm  for  detecting  overflows  in  additions 
involves  comparing  the  carries  into  and  out  of  the  sign  bit  column  [17]. 
If  the  two  carries  are  not  equal,  then  an  overflow  has  occurred. 

4.1.4  Aligning  Floating-Point  Numbers 

In  Section  4.1.3  it  was  stated  that  floating-point  numbers  must  be 
aligned  prior  to  addition.  In  the  following  discussion  it  is  assumed 
that  the  two  numbers  to  be  aligned  are  in  normalized  form.  (Although 
this  is  not  strictly  necessary,  it  greatly  simplifies  the  alignment 
algorithm. ) 

The  rules  for  aligning  two  (normalized)  floating-point  numbers  are 
listed  below. 

1.  The  mantissa  of  the  number  with  the  smaller 
characteristic  is  shifted  right  (and  its 
characteristic  increased)  by  the  number  of 
bit  positions  equal  to  the  difference  in  the 
two  characteristics. 

2.  For  one's  and  two's  complement  mantissas  the 
MSB  position  vacated  b • a right  shift  is 

fil  led  by  a bit  equal  to  the  sign  bit,  i.e. , 
a 0 for  positive  numbers  and  a 1 for  negative 
numbers . 

Table  4-3  gives  several  examples  of  the  alignment  process  for  both 
one's  complement  and  two's  complement  notation.  Notice  that  each  time 
a mantissa  is  shifted  right  the  LSB  is  truncated  to  maintain  the  original 
word  length.  Parts  (g)  and  (h)  of  Table  4-3  are  included  to  illustrate 
the  motivation  for  normalizing  the  floating-point  representation  of  zero 
by  setting  the  characteristic  to  the  lowest  value  it  can  have  (see 
Section  4.1.2).  This  insures  that  when  two  floating-point  numbers  are  to 
be  aligned,  and  one  of  them  is  zero,  the  mantissa  of  the  nonzero  number 
will  not  be  shifted  (causing  truncation  errors)  since  its  characteristic 
cannot  be  the  smaller  of  the  two. 
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TABLE  4-3  ALIGNING  FLOATING-POINT  NU^ERS 
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4.2  GENERAL  BLOCK-FLOATING-POINT  CONSIDERATIONS 

The  motivation  for  using  floating-point  arithmetic  in  realizing  the 
MTI  portion  of  the  DSP  is  to  overcome  the  dynamic  range  limitations  of 
fixed-point  systems.  Implementing  floating-point  arithmetic,  however, 
significantly  increases  the  complexity  of  the  processor  hardware.  An 
alternative  realization,  block-floating-point,  is  a hybrid  approach  which 
has  some  of  the  advantages  of  both  fixed-point  and  floating-point  struc- 
tures. Oppenheim  [19]  has  proposed  and  evaluated  a structure  for  imple- 
menting recursive  digital  filters  using  block-floating-point  arithmetic. 
His  results,  however,  are  not  generally  applicable  to  the  fixed-window 
MTI  structure  used  in  the  radar  signal  processor. 

In  block-floating-point  arithmetic  all  of  the  intermediate  values 
are  jointly  normalized,  i.e.,  they  all  have  the  same  characteristic. 

This  is  accomplished  by  sh.rting  the  bits  of  each  number  left  one  posi- 
tion at  a time  until  any  one  of  the  numbers  is  normalized  according  to 
the  rules  of  Section  4.1.2.  The  following  table  illustrates  how  several 
positive  numbers  are  jointly  normalized. 


ORIGINAL  FIXED-POINT  NUMBER 

JOINTLY  NORMALIZED  RESULT 
MANTISSA  CHARACTERISTIC 

0.00111 

0.01110 

-1 

0.00011 

0. 00110 

-1 

0.01010 

0.10100 

-1 

0.00010 

0 00100 

-1 

0.01100 

0. 11000 

-1 

The  arithmetic  operations  of  addition  and  multiplication  are  performed 
in  fixed-point  arithmetic  using  the  jointly  normalized  mantissas.  The 
characteristic  is  then  used  to  scale  the  fixed-point  output  to  give  the 
final  fixed-point  result. 

This  joint  normalization  scheme  appears  to  be  particularly  applicable 
in  schemes  where  a large  number  of  intermediate  results  are  stored  and  fed 
back  simultaneously.  However,  in  the  case  where  only  one  intermediate  re- 
sult is  to  be  stored,  such  as  in  the  fixed-window,  multiple  range  bin  MTI 
(where  cnly  one  intermediate  result  is  stored  per  range  bin)  it  does  not 
offer  any  significant  advantages  over  floating-point  realization.  For 
this  reason,  a hardware  realization  for  a block-floating-point  MTI  pro- 
cessor has  not  been  proposed. 

4.3  DESCRIPTION  OF  PROPOSED  FLOATING-POINT  PROCESSOR 

In  this  section  a floating-point  configuration  for  realizing  the 
digital  signal  processor  described  in  Section  2.1  is  proposed.  Block 
diagrams  of  the  three  major  system  divisions,  viz.,  1)  the  I and  Q chan- 
nel filters,  2)  the  RMS  approximation  circuit  and  3)  the  post  residue 
integrator  are  presented  and  discussed.  General  requirements  for  imple- 
menting the  various  subtasks  are  discussed  but  a detailed  hardware  design 
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is  not  attempted. 

4.3.1  Floating-Point  Filter 

Figure  4.1  shows  a block  diagram  of  the  proposed  floating-point  im- 
plementation of  the  I channel  filter  of  the  DSP  (the  Q channel  is  identi- 
cal). The  A/D  converter  outputs  are  in  two's  complement  fixed-point  form 
as  described  in  Section  3.1.2  and  are  supplied  at  a 5 MHz  rate.  The  coef- 
ficient mantissas  are  stored  as  9 bit  two's  complement  fractions.  The 
coefficient  characteristics  are  stored.  In  magnitude  form  (no  sign  bit  is 
needed)  since  they  will  always  be  zero  or  negative.  This  is  a result  of 
the  requirement  that  the  MTI  filters  have  unity  noise  gain,  i.e. , the  sum 
of  the  squares  of  the  coefficients  is  one  £10].  Thus  the  coefficient  val- 
ues would  all  be  less  than  one. 

A correction  circuit  is  used  in  conjunction  with  an  8 by  8. bit  binary 
multiplier  to  perform  two's  complement  multiplication.  This  same  multi- 
plier scheme  Is  presently  used  for  multiplication  in  the  fixed-point  pro- 
cessor at  the  Radar  Technology  Branch,  U.S.  Army  Missile  Command  [1].  The 
output  of  the  multiplier  is  normalized  prior  to  truncation  in  order  to 
minimize  the  magnitude  of  the  truncation  error. 

Throughout  the  floating-point  processor  , truncation  is  used  (instead 
of  rounding)  when  word  lengths  are  reduced.  Since  rounding  the  mantissa 
of  a floating-point  number  could  result  in  an  overflow,  extra  hardware 
would  have  to  be  included  to  normalize  the  result. 

The  product  can  be  normalized  in  two  ways  as  shown  below. 

1.  Serial  Approach 

Load  the  mantissa  into  a parallel  access  serial  shift 
register  and  compare  the  most  significant  fractional 
bit  with  the  sign  bit.  If  the  most  significant  frac- 
tional bit  is  equal  to  the  sign  bit  the  mantissa  bits 
are  shifted  left  one  position  and  the  characteristic 
is  decremented  by  one.  The  compare  and  shift  operation 
is  then  repeated  until  the  most  significant  fractional 
bit  does  not  equal  the  mantissa  sign  bit. 

2.  Parallel  Approach 

The  mantissa  bits  are  loaded  into  a position  scaler, 
i.e.,  a shifting  circuit  which  can  shift  the  bits  any 
number  of  positions  in  one  operation  (for  example  the 
Signetics  8243  Position  Scaler).  The  number  of  bit 
position  that  the  mantissa  is  shifted  must  be  determined 
by  a circuit  (such  as  ROM  or  PLA  for  example)  which 
counts  the  number  of  consecutive  leading  zeros  in  the 
mantissa  if  the  sign  is  positive  and  the  number  of  con- 
secutive one's  if  the  sign  is  negative. 

The  serial  approach  would  require  considerably  less  hardware  than 
the  parallel  approach.  However,  if  the  number  of  snifts  needed  for  nor- 
malization is  large,  the  serial  test  and  shift  would  have  to  be  done  at 
high  speed.  For  example,  if  8 shift  and  test  operations  are  required  for 
normalization  in  the  serial  approach,  and  normalization  must  be  acccm- 
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Figure  4.1  Block  Diagram  of  One  Channel  of  Floating 
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pi i shed  in  a maximum  of  200  nanoseconds,  then  the  test  and  shift  opera- 
tion would  have  to  be  accomplished  at  a 40  MHz  rate. 

The  control  block  of  Figure  4.1  calculates  the  difference  in  the 
characteristics  of  the  normalized  product  and  the  partial  sum  fed  back 
from  the  range  bin  accumulators,  control  signals  are  then  fed  to  the 
alignment  circuits  and  the  characteristic  of  the  sum  is  set  equal  to  the 
larger  of  the  two  characteristics.  Shifting  of  the  mantissas  in  the 
alignment  process  can  be  done  using  a serial  shift  register  or  a position 
scaler.  If  the  serial  approach  is  used,  the  same  comments  apply  as  those 
concerning  the  normalization  circuit  speed. 

The  sum  is  then  normalized  (note  that  a right  shift  is  required  if 
overflow  occurs).  The  normalized  sum  is  then  stored  in  the  range  bin  ac- 
cumulators. After  the  appropriate  number  of  cycles  the  two's  complement 
filter  output  mantissa  is  converted  to  magnitude  form  then  sent  to  the 
RMS  circuit  described  in  Section  4.3.2.  Conversion  of  negative  two's 
complement  numbers  is  accomplished  by  complementing  each  bit  and  adding 
1 to  the  result.  Special  precautions  are  necessary  to  insure  that  the 
two's  complement  mantissa  representation  of  -1  is  converted  correctly. 

For  example,  if  the  mantissa  of  the  filter  output  was  the  two's  comple- 
ment number  1.0000  (-1  in  decimal),  then  complementing  each  bit  and  add- 
ing 1 would  give  the  same  two's  complement  number  as  a result.  The  cor- 
rect magnitude  would  be  obtained  by  shifting  the  mantissa  bits  right  one 
position  (just  as  is  done  when  an  addition  overflows)  and  increasing  the 
characteristic. 

4.3.2  RMS  Approximation  Circuit 

A block  diagram  of  the  proposed  floating-point  RMS  approximation  cir 
cuit  is  shown  in  Figure  4.2.  The  algorithm  implemented  is  the  two  sector 
approximation  described  in  Section  2.1.  The  nomenclature  of  Table  4-4  is 
used  in  the  following  discussion. 


SYMBOL 

III 

IQI 

L 

S 


TABLE  4-4  RMS  UNIT  NOMENCLATURE 

DESCRIPTION 

Magnitude  of  the  I channel 
filter  output  (normalized) 

Magnitude  of  the  Q channel 
filter  output  (normalized) 

The  larger  of  | I | and  |Q| 

The  smaller  of  | I | and  |0| 

Mantissa  of  L (always  positive) 

Mantissa  of  S (always  positive) 

Characteristic  of  I. 

Characteristic  of  S 
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CHANNEL  CHANNEL 


Fig.  4.2  Floating-Point  RMS  Approximation  Circuit. 


|I|  and  | Q | are  simultaneously  fed  to  the  |I|  and  |Q|  comparator  and 
the  L and  S gates.  The  comparator  generates  signals  which  cause  L and  S 
to  pass  through  the  appropriate  gates.  C5  is  then  increased  by  1 (which 
in  effect  multiplies  S by  2)  and  a second  comparison  is  made.  The  result 
of  the  second  comparison  controls  the  functioning  of  the  L and  S compo- 
nent blocks.  If  L ^2S,  then  Hj_  is  unchanged  and  3/16  Me  is  generated. 
If,  however,  L < 2S,  then  3/4  M|_  and  11/16  M$  are  generated. 

Two  different  approaches  could  have  been  taken  in  generating  the  L 
and  S components  as  illustrated  below. 


Approach  1 : Generate  the 
of  L and  S. 

COMPONENT  TO  BE  GENERATED 

components  by  operating  only  on 

METHOD 

M 

the  mantissas 
C 

3/16  S 

(M$  + M$/2)/8 

cs 

11/16  S 

((Mg  + Ms/2)/4  + Ms)/2 

cs 

3/4  L 

(Ml  + Ml/2)/2 

CL 

Approach  2:  Generate  the 

comDonents  by  operating  on  both 

the  mantissas 

and  characteristics  of  L and  S. 

COMPONENT  TO  BE  GENERATED 

METHOD 

M 

C 

3/16  S 

M$  ♦ Ms/2 

Cs  - 3 

11/16  S 

(Ms  + Ms/2)/4  + M$ 

cs-  1 

3/4  L ML  + Ml/2  Cl  • 1 


The  first  approach  was  chosen  since  it  requires  less  hardware  to  implement 
than  the  second  approach.  Normalization  of  the  results  of  the  first  ap- 
proach would  also  be  simplified  since  none  of  the  mantissas  could  overflow. 
This  is  not  true  of  the  second  aoproach. 

Since  |I|  and  |Q|  are  in  normalized  form,  normalizing  the  scaled  L 
component  will  involve  at  most  one  left  shift.  Similarly,  normalization 
of  the  scaled  S component  would  take  at  most  three  left  shifts.  Thus, 
normalization  could  be  done  serially  in  a limited  amount  of  time  since 
only  a small  number  of  shifts  are  involved.  The  alignment  of  the  scaled 
L and  S components  is  accomplished  in  the  same  manner  as  the  alignment 
process  described  in  Section  4.3.1. 

Since  Ml  and  M$  are  always  positive,  their  sum  is  in  normalized  form 
unless  an  overflow  occurs.  Consequently,  normalization  of  the  sum  would 
involve  at  most  a right  shift  of  one  position.  After  normalization,  the 
RMS  output  is  sent  to  the  post  residue  integrator. 
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4.3.3  Post  Residue  Integrator 

The  floating-point  post  residue  integrator  block  diagram  is  shown 
in  Figure  4.3.  The  inputs  from  the  RMS  unit  are  normalized  positive 
floating  point  numbers.  The  control  and  alignment  blocks  function  in  the 
same  manner  as  the  control  and  alignment  blocks  of  Figure  4.1.  Since  the 
numbers  to  be  added  are  always  positiye,  the  sum  needs  to  be  normalized 
only  if  an  overflow  occurs. 

After  the  required  number  of  integrations , the  output  of  the  inte- 
grator is  sent  to  tie  threshold  detector.  Th^  threshold  detector  indi- 
cates the  presence  of  a target  if  the  integrator  output  exceeds  the  pre- 
set threshold  value. 

4.4  ALTERNATIVES 

Several  alternatives  are  available  for  realizing  the  floating-point 
MTI  signal  processor  described  in  Section  4.3.  Several  of  these  alterna- 
tives and  their  effect  on  the  hardware  complexity  are  considered  below: 

1.  The  I an  Q channel  filter  outputs  could  be  converted  to 
fixed-point  numbers  and  the  RMS  approximation  and  post 
residue  integration  could  then  be  realized  using  fixed- 
point  arithmetic.  This  configuration  would  allow  the 
use  of  floating-point  coefficients  (thus  reducing  the 
quantization  error  in  the  coefficients)  but  would  require 
less  hardware  than  a complete  floating-point  system.  For 
example,  of  the  six  circuits  of  Figure  4.3  only  the  adder 
and  accumulator  circuits  would  be  required  if  fixed-point 
arithmetic  were  used  for  the  post  residue  integration. 
Furthermore,  six  of  the  circuits  in  Figure  4.2  would  be 
eliminated  (three  normalize  circuits,  two  align  circuits, 
and  the  control  circuit).  This  reduction  in  circuit  com- 
plexity would  outweigh  the  added  circuitry  needed  for  the 
conversion  from  floating-point  to  fixed  point  numbers. 

2.  The  normalizing  and  aligning  circuits  could  be  combined. 

Since  both  the  normalizing  and  aligning  processes  involve 
shifting  of  the  mantiss?  bits  of  the  floating-point  num- 
bers, one  bidirectional  shift  circuit  could  be  configured 
to  perform  both  operations.  The  complexity  of  the  control 
circuitry  would  be  increased  and  wou’d  be  strongly  dependent 
on  the  number  of  bits  used  in  the  mantissas  and  characteris- 
tics but  a net  savings  in  hardware  might  be  achieved. 

3.  Fixed-point  coefficients  could  be  used.  The  hardware  re- 
quired for  determining  the  characteristics  of  the  products 
in  the  I and  Q channel  filters  would  be  simplified  if  fixed- 
point  coefficients  were  used.  In  this  configuration,  the 
characteristic  of  the  normalized  product  would  be  equal  to 
the  negative  of  the  number  of  left  shifts  performed  in  the 
normalization.  No  sign  bit  would  be  required  for  the  character- 
istic of  the  product  since  it  would  always  be  < 0. 
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4.3  Floating-Point  Post  Residue  Integrator  Block  Diagram 


The  floating-point  simulation  described  in  Chapter  6 
has  an  option  which  allows  the  use  of  fixed-point  coef- 
ficients. Therefore,  simulation  runs  could  be  made  to 
determine  the  processor  error  performance  for  fixed- 
point  and  floating-point  coefficients.  These  results 
would  provide  a basis  for  evaluating  this  alternative 
configuration. 

4.  Time  multiplexing  could  be  used  to  reduce  the  hardware 
complexity.  Since  the  I and  Q channel  filters  are 
identical,  it  would  be  possible  to  reduce  hardware  re- 
quirements by  time-sharing  some  circuits.  For  example, 
one  circuit  could  perform  the  magnitude  conversion  at 
the  output  of  both  the  I and  0 filters.  It  might  be 
possible  to  multiplex  other  circuits  such  as  the  align- 
ment control.  Here  again,  the  hardware  tradeoffs  are 
strongly  dependent  on  the  word  lengths  necessary. 

In  most  cases,  the  hardware,  complexity  of  the  circuits  is  strongly 
dependent  upon  the  word  lengths  necessary  to  achieve  a specified  error 
performance.  As  the  word  lengths  grow,  a threshold  is  crossed  where  time 
constraints  no  longer  allow  serial  operation.  At  that  point,  the  com- 
plexity of  the  hardware  rises  significantly. 

4.5  COMPARISON  OF  HARDWARE  COMPLEXITY 

The  relative  complexities  of  the  hardware  required  to  implement  the 
fixed-point  and  floating-point  versions  of  tne  MTI  portion  of  the  radar 
signal  processor  vary  with  the  particular  configurations  used.  However, 
the  following  general  statements  can  be  made: 

1.  The  hardware  required  to  implement  the  floating-point 
processor  is  approximately  2 to  5 times  gre  ter  than 
thar.  required  in  the  fixed-point  version. 

2.  The  complexity  of  the  floating-point  hardware  can  be 
reduced  by  approximately  1/4  if  the  mantissa  bit  lengths 
are  short  enough  that  the  aligning  and  normalizing  opera- 
tions can  be  done  serially. 

3.  The  amount  of  memory  required  for  the  fixed-point  and 
floating-point  systems  is  about  equal.  Preliminary  simu- 
lation runs  seem  to  indicate  that  fixed-point  and  floating- 
point processors  with  similar  error  performance  require 
approximately  equal  word  lengths  (where  the  floating-point 
word  length  is  the  total  bits  used  in  the  mantissa  and 
characteristic). 

More  simulation  runs  need  to  be  made  in  order  to  determine  the  bit 
lengths  required  at  various  points  in  the  floating-point  processor  that 
are  necessary  to  achieve  specified  error  performance.  Once  these  bit 
lengths  are  known,  an  accurate  comparison  of  the  actual  integrated  circuit 
chip  counts  necessary  for  the  fixed-point  and  floating-point  systems  can 
be  made. 
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CHAPTER  5 


THEORETICAL  ANALYSIS  OF  FLOATING-POINT  PROCESSOR 
by  Jerry  D.  Moore 


5.1  OUTLINE  OF  ANALYSIS 

The  theoretical  analysis  of  the  floating-point  DSP  quantization 
error  is  presented  in  this  section.  A system  configuration  as  described 
in  Chapter  4 is  used  for  the  analysis.  The  pattern  established  in 
Chapter  2 for  the  fixed-point  processor  is  followed  here,  i.e.,  an  out- 
line is  presented  with  the  detailed  derivations  presented  in  an  appendix. 

The  finite  word  lengths  used  in  the  DSP  are  identified  in  Fig.  5.1 
and  summarized  in  Table  5-1.  It  is  important  to  notice  that  the  A/D 
converter  has  a fixed-point  output  containing  MX  bits,  as  was  used  in 
the  fixed-point  analysis  of  Chapter  2.  This  choice  was  based  on  the 
availability  of  fixed-point  A/D  converters  and  the  limited  access  to 
floating  point  A/D  converters. 

The  output  of  the  digital  filter,  w()  is  written  as  the  sum  of  an 
errorless  output  y()  and  the  quantization  error  g(),  i.e.. 


w(mN)  = y(mN)  + g(mN) 


(5.1) 


where 


N-l 

y(mN)  = l h(n)  x(mN  - n)  , (5,2) 

n=Q 


The  N filter  coefficients  are  represented  by  h()  and  the  input  samples  by 
x().  In  Appendix  C it  is  shown  that 


N-l 

g(mN)  = i h(n)  [(eN  , - 1)  x(mN  - n) 

n-0  (5.3) 

+ 9N_-|_n  e(mN  - n)]  . 

The  en  terms  are  the  statistical  parameters  used  to  relate  the  floating 
point  quantization  errors.  An  expression  for  this  term  is  given  in 
Appendix  C. 

An  expression  for  the  output  of  the  RMS  unit  (cf. , Chapter  2 
Equation  (2.7))  is 


r(mN)  = [1  + Y^CmN)]  /w^OnN)  + Wg2(mN)  . 
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TABLE  5-1 


4 


FLOATING  POINT  DSP  WORD  LENGTH 


Symbol 

Description 

MX 

A/D  Converter  fixed-point  word  length.  Two's 
complement  form  with  1 sign  bit  and  MX  - 1 
fractional  bits. 

MCM 

Coefficient  mantissa  word  length.  Two's  complement 
form  witn  1 sign  bit  and  MCM  - 1 fractional  bits. 

MCE 

Coefficient  exponent  word  length.  The  exponent 
is  in  integer  form  and  will  always  be  negative, 
thus  no  sign  bit  is  required. 

MTM 

Truncated  product  mantissa  word  length.  Two's 
complement  form  with  1 sign  bit  and  MTM  - 1 
fractional  bits. 

MTE 

Truncated  product  exponent  word  length.  Two's 
complement  integer  form  with  1 sign  bit  and  MTE  - 1 
integer  bits. 

MFM 

Range  bin  accumulator  mantissa  word  length.  Two's 
complement  form  with  1 sign  bit  and  MFM  - 1 
fractional  bits. 

MFE 

Range  bin  accumulator  exponent  word  length.  Two's 
complement  integer  form  with  1 sign  bit  and  MFE  - 1 
integer  bits. 

MEM 

Truncated  residue  mantissa  word  length.  Magnitude 
form  with  MEM  fractional  bits.  No  sign  bit  is  used, 

MEE 

Truncated  residue  exponent  word  length.  Two's 
complement  integer  form  with  1 sign  bit  and  MEE  - 1 
integer  bits. 

MSM 

Integrator  accumulator  mantissa  word  length. 
Magnitude  form  with  MSM  fractional  bits.  No  sign 
bit  is  used. 

MSE 

integrator  accumulator  exponent  word  length.  Two's 
■’ -lenient  integer  form  with  1 sign  bit  and  MSE  - 1 
" eger  bits. 
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This  term  is  truncated  and  then  summed  in  the  integrator  to  give 


INT(M)  = z r(mN)  + e.nt  (M)  , 
m- 1 


(5.5) 


where  the  truncation  and  summing  quantization  error  is  (cf.,  Appendix  C) 


e1nt(M>  = E <em  - + ’>«  , 

m=u 


(5.6) 


and  represents  the  floating-po-'nt  error  parameters  as  shown  in 
Appendix  C. 

As  in  Chapter  2,  the  integrator  output  can  be  expressed  as  an  errorless 
term,  m*u,  plus  an  error  term,  INTE(M),  viz., 


INT(M)  = M u + INTE(M)  . 


(5.7) 


The  average  integrator  output  error  is 


INTE(M)  = z r + e.  t(M)  -Mu. 
m=l  int 


(5.8) 


It  has  been  shown  in  Appendix  C that  the  variance  of  INTE()  is  equal  to 
the  variance  of  INT ( ) and  that 


°INTE  ‘ [M  + 2 ml0  (onn  ' ,);l  + °int  • 


(5.9) 


From  (5.6)  it  follows  that 


= Jo  ((e™ 


eint  = Jo I7™ 


= rm-0  (6™'  11  • l5',0) 

m=0 


i 


A bounding  procedure  necessary  to  evaluate  r and  r2,  cf.,  (2.15), 
(2.16),  (2.17),  and  (2.18),  i.e.. 


where 


0 + yj  |u  - v|  < r < (1  + yw)(u  + v)  , 


n |F|  < V <v/2  W , 


(5.11) 


(5.12) 


(u  - vF  < r7  £ (1  + yj1  Tu~r 


(5.13) 


After  manipulation  and  use  of  (5.12) 


r < (1  + yw)(u  + '/ 2 F)  , 


(5.14) 


r > SM  [(  1 + yw) i U -\J 2 Fl  , 0 + Yw)|u  - # |g| |]  , 


r*  < n + (U  +/TF)2  , 


P’>  TTTT 


(u  - /TF)2 , 


where  SM[  ] indicates  the  smallest  of  the  set. 
It  follows  that 


t)  - <2*  2 

°r"  - r max  ” r min  ' 


°r2  1 LA[(rzmin  - ^max^’  *> 


W^ereThe^de  termination^!  Ww  tlufand  variance  of  the  error  of 
(5.8)  L 5 9TtS™°ih  the  use  of  ?5.10).  (5.14)  - (5.19)  thus  depends 
on  the  evaluation  of  g and 7.  It  is  shown  in  Appendix  C that 
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(5.20) 


* 


9 


A 

ir 


N-l 

I 

n=0 


h(n)  (oft.-i-n 


9N-l-n* 


where  A is  the  peak  value  of  the  sinusoidal  doppler_input  to  the  filter, 
h()  represents  the  filter  coefficients,  and  9+  and  e-  represent  the 
floating  point  error  statistics  for  positive  and  negative  values  of  x() 
respectively.  Also,  it  is  shown  in  Appendix  C that 


? = & ^ H h(n)h<k)(eN-1-n  - 6N-l-n)C9N-1-k 
n^k 


®N-l-k^ 


(5.21) 


N-l  r T fi2  XT 

n;0{h2(n)  <r  * i- 


+ Ft, 


N-l-n) 


+ r [1  ' (eN-l-n  + eN-l-n)]  } . 


The'e7  is  the  mean  squared  value  of  the  quantization  error  associated 
with  the  input  signal  x(). 

Evaluations  of  the  floating-point  parameters  epm  and  en  and  their 
statistical  values  are  given  in  Appendix  C This  concludes  the  analysis 
for  the  floating-point  processor.  It  is  possible  to  predict  and  upper  and 
lower  bound  on  the  integrator  output  average  error  and  variance  by  using 
the  results  of  this  section.  A computer  program  was  written  to  implement 
the  equations  of  this  analysis.  The  program  listing  is  given  in  Appendix 
D and  was  used  to  obtain  the  results  presented  in  the  next  section. 


5.2  GRAPHICAL  PRESENTATION  OF  RESULTS 


The  computer  program  of  Appendix  D was  used  to  obtain  specific  values 
for  the  integrator  output  error  statistics  of  a floating-point  processor. 
As  in  Chapter  2,  the  A/D  converter  word  is  a fi/ed-point  word  with  MX  = 9. 
The  coefficients  were  also  treated  as  fixed-poinr.  words  with  MC  = 9.  This 
choice  results  in  simpler  hardware  requirements  for  the  processor  and 
allows  a convenient  comparison  with  the  fixed-point  processor  results. 

The  product  truncation  length  is  MT  bits  with  MTM  bits  for  the  mantissa. 
This  quantity,  MTM,  is  varied  as  is  the  integrator  input  word  length  man- 
tissa, MEM.  Other  word  lengths  were  fixed,  viz.,  MFM  = MTM  and  MSM  = MEM 
Such  choices  seem  to  be  justified  by  hardware  considerations.  Many  other 
choices  could  be  made. 
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The  average  error  bounds  are  presented  in  Fig.  5.2  as  a function  of 
MTM  with  MEM  = 10.  The  bounds  are  not  tight,  but  do  become  closer  as  the 
signal  amplitude  is  reduced.  The  bounds  are  not  strongly  dependent  on 
MTM  for  values  between  11  and  15.  The  bounds  do  not  appear  to  be  as  de- 
pendent on  signal  amplitude  as  was  the  fixed-point  processor. 

Upper  bounds  on  the  error  variance  are  shown  in  Fig.  5.3  as  a 
function  of  MTM  with  MEM  =10.  The  lower  bound  values  were  either  zero 
or  very  small  numbers.  The  variance  bounds  are  dependent  on  the  signal 
amplitude,  but  independent  of  the  MTM  values  between  11  and  15. 

The  integrator  word  length  effects  are  demonstrated  i"  Figures  5.4 
and  5.5  for  MTM  = 13.  First  the  0.125  volt  signal  amplitude  is  used 
and  then  0.413  volts.  The  variance  bounds  are  almost  independent  of 
MEM,  but  the  average  error  bounds  are  strongly  dependent  on  MEM  for 
values  less  than  10.  The  best  values  of  MEM  for  the  upper  bounds  are 
MEM  = 8 for  0.125  volts  and  MEM  = 9 for  0.413  volts.  The  best  values  of 
MEM  for  the  lower  bounds  are  any  MEM  >12.  Fig.  5.6  is  an  expanded  ver- 
sion of  the  yariance  upper  bound  versus  MEM  with  MTM  as  a parameter 
family.  Note  that  the  smaller  the  amplitude  becomes  then  the  less  de- 
pendency on  MTM,  e.g.,  for  0.413  changes  are  not  noticed  for  MTM  > 12, 
for  0.125  volts  changes  are  not  noticed  for  MTM  > 10,  while  for  0.025 
volts  the  results  do  not  change  for  MTM  > 9.  The  reduction  in  the 
variance  bounds  for  low  MEM  values  was  cot  expected.  Even  though  the 
reduction  of  MEM  would  appear  to  produce  more  variations,  tio  bound  has 
a '•anceling  effect  by  reducing  the  dependence  of  the  residue  variance  or2. 
This  effect  is  not  anticipated  for  the  simulation  results. 

The  variance  bounds  are  presented  as  a function  of  signal  amplitude 
with  MTM  = 13  in  Fig.  5.7.  There  is  not  a strong  dependence  on  MEM  and 
the  lower  bound  is  zero  for  values  not  shown. 

The  results  of  this  section  are  compared  to  the  floating-point 
simulation  results  in  Chapter  6. 

A follow-on  analysis  using  a two-sector  approximation  RMS  error  of 
0.1265%  was  made.  The  results  of  Fig.  5.7  revealed  a maximum  decrease  by 
a factor  of  2 at  0.413  volts  and  insignificant  changes  for  amplitude  less 
than  0.1  volts. 
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CHAPTER  6 

FLOATING-POINT  SIMULATION  PROGRAM 
by  Bhadrayu  J.  Trivedi  and  Brian  P.  Holt 

A FORTRAN  program  was  developed  to  perform  the  simulation  study  of 
the  floating-point  processor.  A description  of  the  program  follows  in 
Section  6.1  and  some  typical  simulation  results  are  discussed  in  Section 
6.2. 

6.1  DESCRIPTION  OF  PROGRAM 

The  floating-point  simulation  program  was  patterned  after  the  struc- 
ture of  the  fixed-point  simulation  program.  The  suggested  improvements 
of  Section  3.1.3  were  incorporated  in  this  program.  The  technique  for 
representing  the  floating-point  binary  numbers  and  simulating  the  arith- 
metical operations  was  markedly  different  from  the  fixed-point  case. 
However,  it  did  follow  the  principle  of  representing  all  binary  numbers 
as  positive  decimal  integers.  The  programming  technique  is  described  in 
Section  6.1.1.  The  routines  to  simulate  the  basic  arithmetic  operations, 
other  system  blocks  and  functions,  and  the  overall  program  are  described 
with  detailed  flow  charts  in  Section  6.1.2.  The  floating-point  simula- 
tion program  is  listed  in  Appendix  F with  the  details  of  data  card  for- 
mats. 

6.1.1  Programming  Techniques 

In  the  floati.ig-point  processor  discussed  in  Chapter  4,  numbers  are 
represented  as 

NUMBER  = M • ZC  (6.1) 

where  M is  the  mantissa  in  two's  complement  binary  with  sign  and  C is  the 
characteristic  {often  called  exponent)  in  signed  magnitude  form.  For  the 
purpose  of  Fortran  simulation  the  mantissa  was  represented  in  the  manner 
identical  to  the  fractional  numbers  in  the  fixed-point  processor.  This 
technique  was  described  in  detail  in  Section  3.1.1.  The  characteristic 
is  always  an  integer  and  is  therefore  converted  to  its  decimal  equivalent 
with  a sign  for  the  purpose  of  simulation. 

This  approach,  for  the  Fortran  representation  of  the  mantissa  and 
exponent,  permitted  the  use  of  some  of  the  fixed-point  simulation  routines; 
viz.,  ADD  for  addition,  MUL  for  multiplication,  ITREX  for  truncation  of 
the  mantissa,  and  MAGNF  for  finding  the  magnitude  of  the  mantissa.  It  is 
necessary  to  align  two  numbers  to  be  added  so  that  they  have  the  same  ex- 
ponents. Also,  it  is  necessary  to  normalize  the  result  of  an  addition, 
multiplication  or  truncation  operation  (as  discussed  in  Section  4.1). 

Two  routines  ALIGN  and  JUSTFY  were  written  for  this  purpose  and  are  de- 
scribed in  the  next  section.  It  was  also  necessary  to  modify  ADD  slightly 
for  the  reasons  discussed  in  the  next  section. 
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6.1.2  Flow  Chart  of  Program 

In  this  section  the  MAIN  program  is  described  first.  Next,  the 
routines  ADD,  JUSTFY  and  ALIGN  are  described.  These  routines  are  used 
with  function  subprograms  MUL,  MAGNF  and  ITREX  to  form  the  group  of 
routines  which  simulate  basic  arithmetic  operations.  The  latter  three 
are  described  in  Section  3.1.2  and  are  not  discussed  here.  The  routines 
FLCOEF,  IAD  and  SACGEN  perform  the  functions  of  coefficient  quantization, 
input  sample  Quantization  and  signal-clutter  combination  respectively. 

IAD  was  described  in  Section  3.1.2  and  so  was  SACGEN  but  with  a different 
name  PULSEQ.  FLCOEF  was  prepared  to  quantize  the  MTI  filter  coefficients 
into  floating-point  numbers.  Its  counterpart  for  the  fixed-point  program 
was  COEF.  After  FLCOEF  the  routines  FLOFLT  and  RMSHAL  are  described. 

These  simulate  the  hardware  MTI  digital  filter  and  the  PMS  unit  (also 
referred  to  as  the  vector-magnitude  unit)  for  the  floating-point  processor. 

The  overall  program  simulates  the  floating-point  processor  discussed 
in  detail  in  Section  4.3.  Like  the  fixed-point  simulation  program  it 
generates  results  that  can  be  used  In  a statistical  study  of  quantization 
errors.  The  MAIN  program  flow  charted  in  Fig.  6.1,  starts  the  simulation 
by  reading  in  signal,  clutter,  radar  and  filter  parameters  which  it  sub- 
sequently prints  out.  It  then  reads  in  the  mantissa  and  characteristic 
bit-lengths  to  be  maintained  at  different  points  in  the  processor.  Next, 
a set  of  parameters  are  read  which  control  several  different  functions, 
viz.,  an  option  for  implementing  the  hardware  RMS  approximation  algorithm, 
an  option  to  include  clutter  in  simulation  or  not,  an  indicator  to  print 
out  the  integrator  output  statistics  after  a fixed  number  of  dwells, 
start  and  stop  indicators  to  obtain  detailed  debugged  simulation  print- 
outs for  all  dwells  between  the  specified  limits,  and  an  option  which 
controls  whether  the  theoretical  output  is  to  be  computed  with  a quantized 
or  unquantized  set  of  filter  coefficients.  All  the  parameters  read  in  by 
the  MAIN  program  are  explained  in  Appendix  F with  the  details  of  how  they 
are  specified  on  input  cards.  Then,  the  clutter  filter  impulse  response 
is  modelled,  and  scale  factors  for  clutter  and  signal  combination  are 
generated  and  printed  (if  clutter  is  to  be  used  in  the  simulation).  The 
MAIN  program  simulates  one  system  block,  viz.,  the  post-residue  integrator. 
All  the  other  system  blocks  are  delegated  to  routines  which  MAIN  calls. 

It  calculates  the  output  statistics  for  the  hardware  RMS  unit  and  a 
hypothetical  perfect  RMS  unit  at  the  end  of  each  residue.  The  statistics 
involve  computation  of  the  maximum,  the  minimum,  the  mean  and  the  vari- 
ance of  the  error  in  the  residue  output.  The  error  is  defined  as  the 
actual  output  minus  the  theoretical  outMt  (see  Equations  5.1,  5.5,  5.7). 
The  statistics  for  the  difference  between  the  hardware  and  perfect  RMS 
outputs  are  also  computed.  A similar  statistical  analysis  is  carried  out 
on  the  integrator  outputs,  i.e.,  at  the  end  of  each  antenna  dwell.  The 
nature  of  the  statistics  is  biased  as  defined  in  Equation  (3.4).  Note 
that  the  simulation  results  presented  in  Section  6.2  pertain  to  the  inte- 
grator output  statistics.  The  MAIN  program  calls  RANDU  for  picking  uni- 
formly distributed  random  phase  starting  angles  for  the  doppler  signal 
and  calls  RANDM  for  generating  a set  of  Gauscian  random  numbers  to  be 
used  for  simulating  clutter.  The  program  also  monitors  and  indicates  the 
total  number  of  A/D  converter  saturations  in  a simulation  run.  The  dis- 
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Saturation  Counter,  NSAT=0 


/ Read  and  Print  signal  and 
'clutter  narameters:  SCAL,, 
SCRDB , XM2,  SIGMAi  , CLTFAy 


Read  and  Print  radar 
parameters:  SAMPF,  FDOP 


/ 


/ Read  and  Print  filter  / 
' parameters:  NDWEL,  NDELAY  ' 
NCYCLE , CONST 


/Read1  and  Print  Mantissa  & 
/Exponent  Bit- lengths:  MXM, 
/MCM,MTM,  MFMi  MFt,  MRM,  ) 
'MRT,  MIM;  MCE,  MTE,  MFE,  / 


'MRF . M 


/ Read  Options:  IDIV, 
r dADCLU,  KMOD , JPRNT1, 
JPRNT2 , KTHEOR 


Fig.  6.1  Flow  Chart  for  the  MAIN  Program  of  the  Floating-Point 
Processor  Simulation  Program. 
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Fig.  6.1  (Continued) 
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Fig.  6.1  (Continued) 
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Calculate  integrator  output 
statisti cs 


Fig.  6.1  (Continued) 


cusslon  here  and  the  flow  chart  of  Fig.  6.1  present  the  important  features 
and  a brief  outline  of  MAIN  since  it  is  a very  large  sized  program.  But, 
when  used  with  the  detailed  comments  of  the  listing  (in  Appendix  F),  the 
working  of  MAIN  can  be  easily  traced. 

The  flow  chart  for  subroutine  JUSTFY  is  shown  in  Fig.  6.2.  JUSTFY 
accepts  the  mantissa  and  the  exponent  of  an  unjustified  or  unnormalized 
nunter  with  M < 0.5  and  gives  back  the  mantissa  and  the  exponent  of  the 
resulting  justified  number.  The  mantissa  if  shifted  left  until  a 1 ap- 
pears in  the  most  significant  bit  position  <jf  a positive  number  or  a 0 
appears  in  the  most  significant  bit  positioi  of  a negative  number.  The 
exponent  is  reduced  by  the  number  of  shifts  the  mantissa  undergoes.  If 
the  unjustified  number  is  zero  then  its  exponent  is  s*t  to  the  most 
negative  value, EMIN, specified  to  the  routine.  Note  that  JUSTFY  does  not 
normalize  a number  which  has  overflowed  into  the  integer  portion  of  the 
mantissa  as  a result  of  an  addition.  Such  a number  is  normalized  by 
correcting  for  overflow  by  the  program  that  calls  ADD.  This  involves 
dividing  the  mantissa  by  2 and  incrementing  the  exponent  by  1. 

The  subroutine  ALIGN  accepts  the  mantissas  and  the  exponents  of  two 
justified  numbers,  determines  the  number  with  smaller  exponent,  increments 
its  exponent  and  divides  its  mantissa  by  2 until  the  two  exponents  are 
equal.  The  algorithm  is  illustrated  in  Fig.  6.3. 

The  modified  subroutine  ADD  as  flow  charted  in  Fig.  6.4  accepts  the 
mantissas  of  two  aligned  numbers.  The  modification  implies  that  the 
carry  of  the  result  is  inserted  back  into  the  number  if  an  overflow  oc- 
curred so  that  the  program  which  called  ADD  can  correct  for  it  and  nor- 
malize the  result.  Except  for  this  modification  the  routine  is  exactly 
the  same  as  used  for  the  fixed-point  simulation. 

The  subroutine  FLCOEF  quantizes  filter  coefficients  in  either  fixed- 
point  (exponent  value  set  to  zero)  or  floating-point  representations  by 
using  the  concept  of  quantization  interval  defined  in  Section  3.1.1.  The 
floating-point  representation  requires  that  the  quantization  interval  be 
modified  depending  upon  the  magnitude  of  the  coefficient  and  the  number 
of  bits  available  for  the  exponent.  Once  the  quantization  interval  and 
the  exponent  are  determined  tne  mantissa  is  quantized  just  like  in  the 
fixed-point  simulation  routine  COEF.  However,  if  an  overflow  occurs  in 
the  rounding  of  the  mantissa  then  it  is  corrected  unlike  in  COEF.  Finally, 
as  shown  in  the  flew  chart  in  Fig.  6.5,  FLCOEF  calls  JUSTFY  to  normalize 
the  number. 

For  the  floating-point  processor,  the  fixed-window  non-recursive  WTI 
digital  filter  is  simulated  by  the  subroutine  FLOFLT.  It  is  used  for 
both  the  in-phase  and  quadrature  channel  filtering.  Its  flow  chart  ap- 
pears in  Fig.  6.6.  It  calls  IAD  to  quantize  the  signal  sample  obtained 
from  SACbtN.  The  signal  sample  is  represented  as  a two's  complement 
fixed-point  number.  Next,  FLOFLT  uses  MUL  to  multiply  the  quantized 
signal  sample  by  the  respective  quantized  coefficient  mantissa.  This  is 
followed  by  the  normalization  of  the  product  by  JUSTFY.  Next,  the 
product  mantissa  is  truncated  by  using  ITREX  and  is  again  normalized  by 
calling  JUSTFY.  Then  subroutine  ALIGN  is  called  to  align  the  product  and 
the  accumulator  sum  for  addition.  They  are  added  with  a call  to  ADD  and 
then  corrected  if  a mantissa  overflow  occurred  or  normalized  by  a call  to 
JUSTFY.  Finally,  after  NDELAY  (total  number  of  coefficients)  additions, 
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| Fig.  6.2  Flow  Chart  for  Subroutine  JUSTFY. 
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Fig.  6.4  Flow  Chart  for  Subrouti 
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Fig.  6.5  Flow  Chart  for  Subroutine  FLCOEF. 
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6.5  (Continued) 


Fig.  6.6  Flow  Chart  for  Subroutine  FLOFLT. 


Fig.  6.6  (Continued) 
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the  magnitude  of  the  accumulator  manliss3  is  determined  by  using  MAGNF. 
Thus,  the  computations  of  FLOFLT  use  all  the  subprograms  which  simulate 
different  arithmetic  operations. 

The  subroutine  RMSHAL  implements  the  hardware  algorithm  for  the  RMS 
unit  and  its  flow  chart  is  shown  in  Fig.  6.7.  The  algorithm  is  outlined 
in  Equation  2.2.  As  can  be  seen  from  the  flow  chart  the  parameter  IDIV 
provides  two  options  for  the  manipulation  of  the  mantissas  and  exponents 
of  S and  L before  they  are  finally  added  to  implement  Equation  2.2.  If 
IDIV  = 1,  none  of  the  exponents  are  disturbed  and  all  the  manipulations 
are  carried  out  on  the  mantissas.  If  IDIVa0,  then  wherever  possible  the 
mantissa  is  divided  by  multiples  of  2 and  the  exponents  adjusted  accord- 
ingly. The  hardware  implications  of  these  are  discussed  in  Section  4.3. 

At  the  time  of  constructing  the  simulation  package  it  was  deemed  worth- 
while to  investigate  the  two  options.  But,  from  the  hardware  point  of 
view  it  is  easier  to  implement  the  IDIV  = 1 option.  All  of  the  simulation 
results  discussed  in  the  next  section  were  with  IDIV  - 0 but  it  did  not 
have  any  effect  on  the  quantization  errors  since  the  mantissa  bit-length 
used  for  the  RMS  unit  was  sufficiently  large. 

In  addition  to  the  floating-point  DSP  word  lengths  defined  in  Table 
5-1,  three  more  word  lengths  were  defined  for  the  purpose  of  simulation. 
They  appear  below  as  Table  6-1. 


TABLE  6-1  ADDITIONAL  FLOATING  POINT  DSP  WORD  LENGTHS 

MFT  Truncated  filter  output  mantissa  bit-length.  Magnitude  with 

MFT  fractional  bits.  No  sign  bit  is  used. 

MRM  RMS  unit  input  mantissa  bit-length.  Magnitude  with  MRM 

fractional  bits.  No  sign  bit  is  used. 

MRE  — RMS  unit  input  exponent  bit-length.  Signed  magnitude  form  with 
1 sign  bit  and  MRE  - 1 integer  bits. 


Also  note 

1)  For  simulation  all  the  exponents  were  represented  in  signed 
magnitude  form  instead  of  the  two's  complement  form  indicated 
in  Table  5-1. 

2)  MX,  MEM,  MSM,  MSE  in  Table  5-1  correspond  to  MXM,  MRT,  MIM, 

MI E respectively  in  the  simulation  program. 

3)  It  was  not  necessary  in  the  simulations  to  define  new  names 
for  the  exponent  bit-lengths  corresponding  to  MFT  and  MRT, 
i.e.,  MFE  and  MRE  were  used. 

6.2  TYPICAL  RESULTS 

Simulation  results  were  obtained  for  the  set  of  9 filter  coefficients 
listed  in  Table  3-2.  AH  the  simulation  results  pertain  to  integrator 
outputs  using  the  hardware  RMS  algorithm. 
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Input  Variables:  IIM,  IQM, 
IIE,  IQE 
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Fig.  6.7  (Continued) 
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Fig.  6.7  (Continued) 
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The  effect  of  the  truncated  product  mantissa  bit-length  MTM  and  the 
integrator  mantissa  bit-length  MIM  on  the  average  value  and  variance  of 
the  error  at  the  integrator  output  is  presented  first.  Then,  the  effect 
of  varying  signal  amplitude  on  the  same  output  parameters  is  shown.  For 
all  simulation  results  MXM  = MCM  = 9 and  MCE  = 0 were  maintained,  making 
these  parameters  the  same  as  for  the  fixed-point  processor  simulation. 

The  value  of  MFM  was  maintained  the  same  as  MTM,  MFT  = MFM  - 1 , MRM  * 20 
and  MRT  was  kept  the  same  as  MIM.  The  values  for  the  exponent  bit- lengths 
were  chosen  as  MTE  = 4 and  MFE  = MRE  = MIE  = 6 to  avoid  possible  exponent 
underflows  and  overflows. 

The  average  error  as  a function  of  the  truncated  product  bit-length 
MTM  is  shown  In  Fig.  6.8.  Here  the  Integrator  bit-length  MIM  is  chosen 
as  the  family  parameter  and  the  results  are  plotted  for  three  different 
signal  amplitudes.  For  the  signal  amplitude  of  0.025V  the  dependence  on 
MTM  Is  very  strong  for  9 <.  MTM  <.11.  However,  for  values  of  MTM  > 11 

there  Is  much  less  dependence.  “For  the  signal  amplitudes  of  0.125V  and 

0.413V  It  Is  seen  that  the  results  are  not  strongly  dependent  on  MTM. 

For  all  three  cases  it  is  seen  that  as  the  value  of  MIM  decreases  the 
magnitude  of  the  average  error  Increases.  This  effect  is  most  prominent 
for  the  0.025V  case.  Comparing  this  with  the  corresponding  theoretical 
results  shown  in  Fig.  5.2  It  is  seen  that  the  lower  bound  for  the  0.025 
case  Is  at  least  an  order  of  magnitude  lower  than  the  simulation  results. 
For  0.125V  of  signal  amplitude  the  lower  bound  Is  smaller  than  the  simu- 
lation results  by  approximately  a factor  of  2.  However,  for  the  0.413V 
case  the  lower  bound  seems  to  be  an  order  of  magnitude  larger  than  the 
simulation  results.  It  Is  Important  to  note  that  an  exact  equivalence 
does  not  exist  between  the  two  figures  because  MEM  ■ 10  corresponds  to 

MIM  ■ 10  which  lies  In  between  MIM  ■ 9 and  MIM  ■ 11  curves.  All  the 

upper  bound  values  are  positive  and  hence  above  the  simulation  results 
which  are  all  negative. 

The  effect  on  the  variance  of  the  same  parameters  mentioned  above 
Is  shown  in  Fig.  6.9.  Neither  MTM  nor  MIM  strongly  affects  the  variance. 
As  expected  the  variance  Increases  with  signal  amplitude  just  like  the 
average  error.  This  Is  the  only  significant  generalization  that  can  be 
made  about  the  variance  behavior.  The  theoretical  upper  bounds  for  the 
corresponding  cases  are  seen  in  Fig.  5.3,  and  it  Is  seen  that  for  all 
signal  amplitudes  they  are  about  an  order  of  magnitude  higher  than  the 
simulation  results.  The  lower  bounds  are  almost  zero  and  hence  are  be- 
low the  simulation  results. 

The  average  error  as  a function  of  MIM  with  MTM  a:  a family  para- 
meter Is  shown  In  Fig.  6.10  for  three  different  signal  amplitudes.  In 
this  presentation  the  effect  of  MIM  Is  more  strongly  brought  out.  But, 
the  effect  of  MTM  Is  not  strongly  discernible  except  In  the  case  of  the 
signal  amplitude  of  0.025V.  The  average  error  Increases  with  Increasing 
signal  amplitude,  An  exact  comparison^  an  be  made  with  the  theoretical 
bounds  for  the  cases  of  0.125V  and  0.413V  by  using  Fig.  5.4  and  Fig.  5.5 
respectively,  for  MTM  * 13.  For  0.125V  the  average  error  lower  bound  Is 
smaller  than  the  simulation  results  by  at  least  a factor  of  4.  The  upper 
bound  falls  below  the  simulation  curve  for  MIM  ■ 7 but  for  larger  values 
of  MIM  always  stays  positive  In  contrast  to  the  negative  simulation 
values.  For  0.413V  the  lower  bound  Is  smaller  than  the  simulation  results 
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Truncated  Product  Mantissa  Bit-length,  MTM 
Fig.  6.9  Variance  as  Function  of  Truncated  Product  Mantissa  Bit-length 
with  Integrator  Mantissa  Bit-length  as  Family  Parameter  (9-Tap  Floating- 
Point  Simulation  Results,  No  Clutter,  Doppler  Frequency  - 1500  Hz) 
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'MTM  * 9 


■MTM  = 13 


XMTM  = 9,11 


MTM  = 13^ 


Note:  Magnitudes  are  plotted.  Negative 
values  are  indicated  bv  x.  The 
dashed  lines  indicate  positive- 
negative transitions. 
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Integrator  Mantissa  Bit-length,  MIM 

Fig.  6.10  Average  Error  as  Function  of  Integrator  Mantissa  Bit-length  with 
Truncated  Product  Mantissa  Bit-length  as  Family  Parameter  (9-Tap  Floating- 
Point  Simulation.  Results,  No  Clutter,  Doppler  Frequency  = 1500  Hz) 
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at  least  by  a factor  of  3 and  the  upper  bound  is  greater  than  the  simula- 
tion value  by  a factor  of  4 for  MIM  = 7.  For  larger  values  of  MIM  the 
upper  bound  is  larger  by  a factor  of  2. 

Variance  behavior  for  the  same  case  mentioned  above  is  shown  in 
Fig.  6.11.  Again  no  strong  dependences  on  either  MIM  or  MTM  are  observed. 
As  the  signal  amplitude  increases,  the  variance  also  increases.  A com- 
parison with  the  theoretical  upper  bounds  is  obtained  by  looking  at  Fig. 
5.6.  For  each  signal  amplitude  the  upper  bound  is  about  two  orders  of 
magnitude  larger.  The  variance  lower  bound  is  almost  zero  and  hence  be- 
low all  the  simulation  results. 

In  Fig.  6.12  the  effect  of  signal  amplitude  on  average  error  is  seen 
for  MTM  = MIM  = 13.  The  magnitude  of  the  average  error  shows  several 
peaks  and  valleys  with  several  positive-negative  transitions,  unlike  the 
fixed-point  processor  simulation  results.  The  excursions  due  to  clutter 
are  spread  out  at  valleys  but  are  cluttered  together  at  peaks.  The  effect 
on  variance  is  seen  in  Fig.  6.13.  It  is  less  erratic  than  the  average 
error  and  shows  an  average  positive  slope  for  the  curve.  The  excursions 
due  to  different  clutter  cases  are  closely  grouped  together.  The 
theoretical  upper  bound  curve  as  seen  from  Fig.  5.7  is  an  order  of  mag- 
nitude above  the  simulation  results.  The  lower  bound  is  almost  zero  and 
hence  below  all  simulation  results. 
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Integrator  Mantissa  Bit-length,  MIM 
Fig.  6.11  Variance  as  Function  of  Integrator  Mantissa  Bit-lenqth  with 
Truncated  Product  Mantissa  Bit-length  as  Family  Parameter  (9-Tao  Floatinq 
Point  Simulation  Results,  No  Cluttpr,  Dopnler  Freouency  = 1500  Hz) 


Note:  Magnitudes  are  plotted.  Negative  values  are  indicated 
by  x.  The  dashed  lines  indicate  positive-negative 
transitions. 
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Fig.  6.12  Average  Error  as  Function  of  Signal  Amplitude  (9-Tap  Floating 
Point  Simulation  Results,  Doppler  Frequency  = 1500  Hz,  MTM  = MIM  = 13) 
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Fig.  6.13  Variance  as  Function  of  Signal  Amplitude  (9-Tap  Floating-Point 
Simulation  Results,  Doppler  Frequency  = 1500  Hz,  MTM  = MIM  = 13) 
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DETAILS  OF  FIXED-POINT  ANALYSIS 
by  Jerry  D.  Koore 

The  analysis  of  the  fixed-point  DSP  described  in  Chapter  2 is  sup- 
plemented by  this  appendix.  Equations  presented  in  Chapter  2 are  not 
repeated,  but  the  detailed  mathematical  steps  leading  to  the  summary 
equations  are  given. 

A.  1 FILTER  OUTPUT 

Signal  flow  graphs  are  used  to  determine  the  output  of  the  fixed- 
window  MTI  digital  filter  used  in  the  DSP.  Fig.  A.l  deoicts  the  MTI 
filter.  The  input  is  the  sum  of  an  errorless  signal  x()  and  the  A/D 
converter  quantization  error  e().  Traditional  symbol'-  are  used,  i.e., 
z-1  represents  a one  sample  period  delay,  h()  represents  coefficient 
values,  arrows  represents  multiplication,  unlabeled  arrows  have  unity 
factors  associated  with  them,  and  small  circles  represent  summation 
nodes.  The  e0(n),  ...  , eN.i (n-N+1)  terms  are  the  error  associated  with 
truncation  of  the  product  Lx(Ve()]«  h(),  A moving-window  MTI,  or  an  FIR 
digital  filter,  would  produce  an  output  value  for  each  input  value.  The 
fixed-window  realization  is  used  because  of  simpler  hardware  require- 
ments, i.e.,  the  delay/multiplication  process  of  Fig.  A.l  can  be  realized 
by  time  multiplexing  one  multiplier  and  one  storage  location.  It  is  the 
fixed-window  approach  that  dictates  that  the  sampler  be  present  at  the 
output.  Sample  values  are  taken  from  the  output  every  N input  samples. 

The  product  truncation  error  terms  can  be  collected  and  added  to 
the  final  filter  output  as  shown  in  Fig.  A. 2.  Superposition  is  then  ap- 
plied to  the  input  sequence  and  the  structure  shown  in  Fig.  A. 3 is  ob- 
tained. The  lower  portion  of  this  figure  (where  e(n)  is  the  input  and 
the  product  truncation  terms  are  added)  represents  the  total  quantization 
error  g()  as  given  by  Equation  (2.5). 

A. 2 AVERAGE  ERROR  AND  VARIANCE  OF  INTEGRATOR  OUTPUT 

The  development  in  Chapter  2 following  (2.5)  through  (2.12)  is  com- 
plete. The  average  value  of  the  integrator  error  is  obtained  as  follows, 


M 

INTE(M)  = z BTiNT  - Mu 
m=l 

- M[b  - u] 

“ M[r  + et-  u]  , (A.l) 
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Filter  with  Product  Truncation 


Fig.  A. 3 Signal  Flow  Graph  for  Fixed-Point  MTI  Filter  with  All  Quantization  Errors  Separated 


where  it  has  been  assumed  that  the  average  value  of  b(mN)  does  not  de- 
pend on  m.  This  is  a logical  choice  for  the  signal  environment  encoun- 
tered in  radar  systems,  i.e.,  sinusoidal  doppler  signal  with  additive 
random  noise  and  clutter.  It  is  possible  to  show  cases  where  the  as- 
sumption is  not  valid,  e.g.,  a constant  level  input,  but  this  is  not  a 
practical  radar  signal. 

An  expression  for  the  variance  is  obtained  by 


°INTE  = INYE2(M]  - INTE(M)  . 
The  mean  squared  value  follows  from 


i M 

INT'E'2  ( M'J  = z b(mi'i)  - M u 
m=1 


= l I b(mN)b(k”N)  - 2 M u z F(mN) 
m k m 

+ M2u2  . 

Using  (A.l),  squaring  and  subtracting  from  (A. 3), 

INTE(MT  2=n  b(mN)b(kN)  - 2 M u l b(mN) 
m k m 


+ M2u2  , 


CINTE  ~ 1 T‘  Cb (mM ) b( kN ) - b(mN)b(kN)] 
m k 


(A. 2) 


(A.3) 


(A. 4) 


The  bracketed  term  will  equal  zero  for  m f k when  statistical  independence 
is  assumed,  thus 


j2nte  = i [F^mN)  - F (mN)]  . 


(A. 5) 


Results  given  by  (2.8)  are  used  for  b()  and 
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b2(mN)  = [r(mN)  + e^CmN)] 

= r2"  + 2 r~e  t + et2' 

= r7  + e^7"  + 2 r e t , (A. 6) 

where  r and  et  are  statistically  independent.  Similarly, 

b(mN)2  = r 2 + 2 r e^  + et2  . (A. 7) 

Subtracting  (A. 7)  from  (A. 6)  and  substituting  into  (A. 5)  gives 

°INTE  = 1 CC?2’  " r 2)  + (e^  - et2)]  , (A. 8) 

m 

from  which  (2.14)  is  obtained,  i.e., 

aINTE  = M^°r2  + at2-^  # (A-9) 

A. 3 BOUNDING  OF  RMS  UNIT  OUTPUT 

Equation  (2.7)  gives  the  expression  for  the  residue,  i.e.,  the  RMS 
Unit  output.  Because  of  the  nonlinear  relationship,  it  is  necessary  to 
bound  this  expression  prior  to  determining  the  average  value  and  vari- 
ance. Considering  the  square-root  portion  and  replacing  w()  by  (2.3) 
gives, 

/Wj2  + Wg^  = /(yj  + gj)2  + (yQ  + gQ)2  . (A. 10) 

This  can  be  viewed  as  the  magnitude  of  a resultant  vector  which  is  formed 
by  summing  two  vectors  U and  V,  where 

u - (y j » yq)  * 

| U | = u = /y7  + yQ2  , 

V = ( 9 j > 9q)  •> 

|v|  = v = /gj2  + gQ2  . (A. 11) 

The  magnitude  of  the  sum  of  two  vectors  is  less  than  the  sum  of  the  mag- 
nitude of  these  vectors.  Also,  the  magnitude  of  the  sum  of  two 
vectors  is  greater  than  the  magnitude  of  the  difference  of  the  mag- 
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nitudes  of  these  vectors.  Stated  in  equation  form  this  gives 
(2.15). 

A.  4 CONCAVE/CONVEX  THEOREM 

A general  form  of  this  theorem  is  given  [cf . , pp.  563-567  of  [13]) 
and  then  applied  to  the  analysis  problem  of  Chapter  2. 

Theorem:  The  expected  value  of  a concave  or  convex  function,  f(), 
of  a random  variable,  x,  can  be  bounded  as  follows 

rm  < f(x)  when  f"(x)  £ 0 : CONVEX  . (A.12) 

7W  > f(x)  when  f"(x)  > 0 : CONCAVE.  (A. 13) 

Proof:  Expand  f(x)  in  a Taylor's  series  about  the  point  x, 

f(x)  = z U *>k  fk(30  . (A. 14) 

k=0  K’ 

Express  this  as  a sum  of  the  first  two  terms  and  a remainder  term, 

f ( x)  = f(x)  + (x  - x)  f'(x)  + R , 

R = fix-,)  , 

x < x-j  < x for  x < x , 

x < x]  < x for  x > x . (A. 15) 


If  f"()  is  less  than  zero,  i.e.,  the  function  is  convex,  then  the  re- 
mainder term  is  negative  and 


f(x)  < f(x)  + (x  - 30  f'(30. 

f(x)  1 f(x)  + (x  - x)  f'(x)  , 
f(x)  < f(x)  : CONVEX  . 

(A. 16) 

For  f"() 

positive,  the  function  is  concave  and 

f[xl>f(x)  : CONCAVE,  Q.E.D. 

(A. 17) 

The  first  application  of  the  theorem  is  in  (2.17),  where 
a function  of  the  random  variable  v and  is  obviously  concave, 
from  (A. 17) 

|u  - v|  is 
Thus, 
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(A. 18) 


U - V > u - vk 


The  next  application  of  the  theorem  is  in  (2.18).  The  lower  bound 
is  obtained  by  treating  v as  a function  of  gj  and  then  gg. 


■■fjjV  \>.o. 


(A. 19) 


I 


The  use  of  gj  and  then  gQ  is  justified  because  of  the  statistical  in- 
dependence and 

r 


V = I I + gQ2  p(9j  » 9q)  dgjdgQ 

• r i 

j + 9g2  p(sI)d9I  p(gQ)dgq  . 

This  gives  from  the  concave  theorem, 

v >_  + gg2  = ffiP-  - ft  |?| . 

However,  if  v is  treated  as  a function  of  g^2  and  then  gg2  then 

V-  = = . ’ V'3/2  < 0 . 


This  is  convex  and  thus 


v < /gf  + gq2-  = JW  • 


(A. 20) 


(A. 21 ) 


(A. 22) 


(A. 23) 


A. 5 AVERAGE  ERROR  BOUND 

The  upper  bound  expression  of  (2.19)  follows  immediately  by  substi- 
tuting (2.18)  into  the  upper  bound  portion  of  (2.17)  and  the  results 
used  in  (2.13).  The  lower  bound  expression  of  (2.20)  involves  another 
simple  manipulation,  viz., 

| u - v|  = /(u  - J)z  = /uz  - 2u  7 + "v2"  . (A.  24) 

The  smallest  value  of  this  expression  is  obtained  by 


u 


/uz  - 2u  v 


max 


(A. 25) 
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Using  (2.18)  yields 


|u  - v|min  = /u2  - 2u  y/ig*  + 2g2  . (A. 26) 

Equation  (2.20)  follows  from  (A. 26). 

A. 6 ERROR  VARIANCE  BOUNDS 

The  upper  bound  on  or2  is  a consequence  of  using  the  maximum  mean- 
square  value  and  the  minimum  mean  value  squared,  i.e.. 


F £ (1  + yw)Z  (u2  + 2u  v + v7") 

5 (1  + yw)2  (u2  + 2u  + 2<F)  , (A  27) 


r • 2 
min 


(1  + Yw)2  (U  - V)2  , 


or2  I (1  + 2yw  + Y^)(u2  + 2u  v + v7) 


- (1  + 2yw  + yw2)(u2  - 2u  v + v2) 

= (v  " tw2)  u2  + (1  + 27W)(F  - V 2) 


+ F - Yw2  v 2 + (2  + 4yw  + Yw^  + Yw2)  2u  v . (A. 28) 


Collecting  terms  yields, 


°r2  1 ayZ  u2  + 0 + 2yw)  uy2  + 2 u v (2  + 4yw  + + Yw2) 


+ 


(A. 29) 


The  lower  bound  results  from  using  the  minimum  mean-square  value  and 
the  maximum  mean  value  squared,  i.e., 


a 2 > ' 

r - 


r^  . - r z 

min  max 

0,  if  above  result  is  < 0. 


r1  > r2"  . > {1  + y )2  (u2  - 2u  v + v2) 
— min  — w 


(T  + yw)2  (u2  - 2u  2^)  •> 


r2  < r2 


max  = (1  + yw)2  (u  + 2u  v + v2  ) , 


7 1 (1  + 2yw  + ^7)(u2  - 2u  v + v2-) 

- (1  + 27w  + yw2)(u2  + 2u  v + v2) 

= (77  - yw2)  u2  + (1  + 27w)(v7  - v2)  + 77  v7  - 7W2  v2  ) 

- (2  + 47w  + 77  + 7W2)  • 2u  7 . (A. 30) 

Collecting  terms  yields 

°r2  i aY2  u2  + (1  + 27w)  ay2  - 2u  v (2  + 47w  + 77  + 7W2) 

+ 77  v7"  - 7W2  v 2 , (A. 31) 

The  results  of  (A. 29)  and  (A. 30)  depend  on  av2  which  cannot  be  determined 
exactly.  It  can  be  bounded  as 

a 2 = V7  - 7 2 

y 

= 2F  - 7 2 , 

av2  1 2<F  - 2g^  = 2 Og2,  from  (A. 21) , 

av2  1 2gz  - 2g2’  = 0,  from  (A. 23) . (A. 32) 

Thus 

ar2  £ <7  u2  + 2(1  + 2yw)  ag2  + 2(77  + Tw2  + 4yw  + 2)  i/^  • u 

+ 2 7 g7  - 2 77  9 2 ^ (A. 33) 
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and 


~ 7 1 oY2  u2  - 2 (yJJ7  + 7W2  + 47w  + 2)  /tip  u 

+ ZV°y2-  (A. 34) 

The  results  of  (A. 33)  and  (A. 34)  are  (2.22)  and  (2.23)  in  Chapter  2. 

The  output  error  variance  is  bounded  as  per  (2.24)  and  (2.25)  in  Chapter 

2. 


A. 7 TRUNCATION  STATISTICS 

The  presentation  by  Oppenheim  and  Schafer  [3]  on  pages  409-413  forms 
the  basis  for  the  truncation  statistics  used  in  (2 . 26) - ( 2 . 28)  and  (2.30)- 
(2.32).  A two's  complement  arithmetic  system  is  used,  i.e.,  positive 
numbers  have  a 0 sign  bit  and  magnitude  bits,  while  negative  numbers  are 
represented  in  two's  complement  form.  Letting  x represent  the  fractional 
number  with  n^  bits,  (the  b subscript  is  a mnemonic  for  before  and  will 
become  obvious  later  in  the  presentation),  then 

nb 

I x | = z a„  2”n  . (A. 35) 

n=l  n 

The  representation  of  a number  is 

x = 0'a^a2...an,x^0, 

C,  % 

x = 1 • b,b9  ...  b , x < 0 , (A. 36) 

1 c nb 

where  the  bn  terms  are  determined  for  negative  numbers  by 

x = 1 - | x | * (A. 37) 

It  can  be  shown  [3]  that  when  such  numbers  are  truncated  to  contain 
n*  bits,  (where  the  a subscript  is  a mnemonic  for  after  truncation), 
then  the  error  etr  is 

- (2  ^ - 2 °a)  <etr<0.  (A. 38) 

Assuming  that  the  error  is  uniformly  distributed  over  this  range  yields 


e 


tr 


(A. 39) 
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and 


T? 


(A. 40) 


The  error  statistics  for  rounding  numbers  is  similar  to  these  results 
except  that  erouncj  = 0.  The  variance  expression  is  the  same  as  in  (A. 40) 
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APPENDIX  B 


COMPUTER  PROGRAM  FOR  FIXED-POINT  THEORETICAL  ANALYSIS 
by  Jerry  D.  Moore 

The  computer  program  for  implementing  the  theoretical  analysis  of 
the  fixed-point  DSP  is  presented.  The  flow  chart  is  given  in  Fig.  B.l 
and  the  program  listing  in  Fig.  B.2.  The  program  requires  data  cards 
to  specify  the  number  of  filter  coefficients,  the  number  of  residues  to 
be  calculated,  the  input  signal  amplitude  and  frequency,  the  radar  pulse 
repetition  rate,  and  the  filter  coefficient  values.  The  format  struc- 
ture is  shown  in  Table  B-l. 


DATA  CARD  i 
1 


2,3, 


TABLE  B-l 


CONTENT 

COMMENTS 

N,M 

N=Number  of  filter  Co- 
efficients 

M=Number  of  Residues 

SI  GAMP, 
FREQ.FPRF 

SIGAMP=Signal  Amplitude 
FREQ=Si gnal  Frequency 
FPRF=Pulse  Repetition 
Rate 

H ( I ) ,1=1  ,N 

Coefficient  values 

CARD  FORMAT 
212 

3F15.4 


4F15.8  per 
card 


C TIOS  — theoretical  integrator  output  statistics 

c 

C DEVELOPED  01 1 CONTRACT  DA60072  FOR  US  ARMY  RESEARCH  OFFICE 
C hY  JERRY  0.  MOORE  AT  UNIVERSITY  OF  ALABAMA  MARCH  1976 
C 

C DETERMINES  INTEGRATOR  OUTPUT  AVERAGE  VALUE  AMD  VARIANCE 
C BOUNDS  FOR  FIXED  POINT  RADAR  DIGITAL  SIGNAL  PROCESSOR 
C 


c symbols  used 

C S I o amp 

c u 

c FREQ 
C FPRF 
C N 
C U(  ) 

C M 
C MX 
C MC 

c mt 

C i-1F 
C ML 
C MmXG 
c 

C AVGG 
C AVGG2 
C 

C S0AG2 
C 

C VaI!G 
C ETMIN 
C AVbET 
C VAKET 
C LROLLS 
C AVGIO 
C AVGEK 
C VaRIO 
C VAi<IOL 
C AV6F.KL 
C 

C EkNIN 
C ERMA s 


SIGNAL  AMPLITUDE  AT  INPUT 

SIGNAL  AMPLITUDE  AT  RMS  OUTPUT 

SIGNAL  FREQUENCY 

PULSE  RATE  FREQUENCY 

NUMBER  CF  FILTER  COEFICIENTS 

FILTER  COEFFICIENTS 

NUMBER  OF  RESIDUES 

A/D  WORD  LENGTH 

COEF.  WORD  LfcfJGTH 

TRUNCATE!)  PRODUCT  LENGTH 

RANGE  BIN  ACCUMULATOR  LENGTH 

TRUNCATt  D KITS  LENGTH 

MAXIMUM  MAGNITUDE  OF  ERROR  AT  FILTER  OUTPUT 
DUE  TO  f.X  AND  MT 

AVERAGE  ERROR  AT  FILTER  OUTPUT  DUE  TO  MX  AND  MT 
AVERAGE  SQUARE  ERROR  AT  FILTER  OUTPUT  DUE  TO 

mx  Arm  ;-t 

SQUARE  ROOT  CF  THE  AVERAGF  SQUARED  VALUE  OF 
THE  ERROR  AT  FILTER  OUTPUT  DUE  TO  MX  AND  MT 
VARIANCE  AT  FILTER  OUTPUT  DUE  TO  MX  AND  MT 
MINIMUM  TRUNCATION  ERROR  INTRODUCED  AT  ME 
AVERAGE  TRUNCATION  ERROR  INTRODUCED  AT  ME 
VARIANCE  OF  ERROR  INTRODUCED  AT  ME 
ERRORLESS  OUTPUT  (PERFECT) 

AVERAGE  INTEGRATOR  OUTPUT  UPPER  ROUND 
AVERAGE  ERROR  AT  INTEGRATOR  OUTPUT  UPPER  BOUND 
VARIANCE  OF'  INTEGRATOR  OUTPUT  UPPER  BOUND 
VARIANCE  OF  INTEGRATOR  OUTPUT  LOWER  BOUND 
AVERAGE  ERROR  AT  INTEGRATOR  OUTPUT 

lower  bound 

MINIMUM  INTEGRATOR  OUTPUT  ERROR 
MAXIMUM  INTEGRATOR  OUTPUT  ERROR 


REAL  MAXG 
DIMENSION  H ( 2 1 ) 

C READ  IN  THE  FIXED  PARAMETERS 
DO  40  MR =1,4 

READ ( 5» 19)  N,M,SIGAMP, FREQ, FPRF, ( M ( I ) , 1=1 ,N) 
PRINT  in 


PRINT  20, N,M,SIGAMP, FREQ, FPRF, (H(K) ,K=1,N) 


Fig.  B.2  Fixed-Point  Processor  Theoretical  Analysis  Program 
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1 


PRINT  23 
PRINT  <21 
C lui  T i ALI2F 

c Hi-'SUM  = SUM  OF  MAGNITUDES  OF  COEFFICIENTS 
C USuSUM  = SUM  UF  SQUARES  OF  COEFFICIENTS 
C PI2  = 2*PI 

PI 2=6.283183308 

HMSUM=0. 

KSQSUMsn. 

DO  10  I = 1 » N 
HMSUM=HNSlJMf  AHS(H(  I ) ) 

10  HSUSUM=HSOSUM+H( I ) *M{ I) 

C INITIALISATION  ENOS 

C CALCULATE  TRANSFER  FUNCTION  AT  SIGNAL  FREQUENCY 
XREALS  =0 
AIMaGSsO 

APG=PI2+  (FRLO/FNRF) 

UO  11  1=1, N 

XREAL=U(I)*COS(aKG*(I-1) ) 

XIMAGS-IM  I)*SIM(A«G*(I-1) ) 

XKEaLS=XRLALS4-XPEAL 

11  XIMaGSsXIMAGS+XIMAG 
SUMSW=XREALS+ +2 ♦ X I MAGS*  *2 
TRANS=SQRT(SUMSG) 

c TRANSFER  FUNCTION  CALCULATION  ENDS 
C CALCULATE  U,  THE  SIGNAL  AMPLITUDE  AT  RMS  OUTPUT 
U=3IGAi'1P*TRmMS 

c calculation  or  u complf:te 

C CRc-Aft  LOOPS  FOR  *ORD  LENGTH  VARIATIONS 
l)0  14  MX=9,9 
DO  14  MC=9»9 
NQUM=MX+MC-1 
uO  13  MT=6,;-1PUM 
FF=l'iT  + ALOGlu(N)/ALOblO(2.  ) 

DO  13  ML'=6,MF 

C END  OF  WO  0 LENGTH  SPECIFICATIONS 

C STATISTICAL  BOUNDS  CALCULATIONS 

DUMl=2 . ** ( -MT ) -2 . **“ (MX+MC-l ) 

AVG(?=-N*DUM1 

VARG=N* ( DUM1  + *2 ) /3 . ♦ ( ( 2 , **  < -2*MX ) ) /3 . ) ♦HSOSUM 
AV002=VARG+ (AVGG) **2 
FAXG=N* (DUM1*2. ) + ( 2, ♦♦-HX ) ♦HMSUM 
SQRAG2=S0RT( AVG02) 

rtVGET=-(2.**(-MT ) )♦( (2.**(MF-ME) )-l. ) 
VAKET=(AVGET**2)/3. 

AVG10=M* ( 1 ,0069+U+l . 42397*S0RAG2+ AVSFT ) 

ekoles=m*u 

avger=avgio-eroles 


Fig.  B.2  (Continued) 
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vAKIO=M*(2,0276*VARGK).niS95*U**2+5.78031*U*SQRAG2 

l+U.032*AVGG2-9.b22*(10.**-S)*(AVGG**2)+VARET) 

ETM1N=AVGET*2. 

0UM2=U**2+2.*AVuG**2~2.A2843*U*SQRAG2 

IF  (UUM2.LT.0)  CUM2=n 

AVGERL=M* ( 1 . 0069+SQRT (DUM2 ) +AVGET-U) 

VARIOLsM*  ( 0 . 0159b*  { U**2  + 2»  *AVGG2 ) ~5.7803*U*SQRAG2 
1+VARET) 

IF  (VARIOL.LT .0)  VARIOLzO 
LUrtAXsrtM  0,01 74*11+ 1.43Bf»21*f*AXG) 

IF  (U.LE.  1.414  + MAXo)  Go  TO  30 
tRMINzM*  (-0 , 02  lo*U-l , 38367*MAXG4  F.TMIM) 

GO  10  31 

3u  tRMIMsM*<ETrtIN-U) 

31  CONTINUE 
C END  OF  CALCULATIONS 

13  PRInT  2? » MX  »F'C , f T » MF » ME  *£ROLFS»  AVGIO, AVGEP  , VARIO, 
1AVGERL,VARI0L,ERMIN,ERMAX 

1*  CONTINUE 

lb  F ORMAT (lHl»2X»/*/»/»?X»* ROUNDS  ON  INTEGRATOR  OUTPUT*, 

1*  ERROR  STATISTICS  — PAG0072  1976*,/) 

19  F ORMAT  ( 2 12 » 3F 15 , 4 * / » b ( 4F lb • 6 » / ) ) 

20  FORMAT (2X»  13,  IX,  ’COEFFICIENTS* , IS,  IX,  *RF_SIUUCS*  ,5X, 

1 ’SIGNAL  AMPLITUUL  = *, FP .6 , bX ,* SIGNAL  FREQUENCY  z » 
lFd.2,bX, *PRF  = *,F'8.2,/,2X,  * COEFFICIENTS*  »/,2X» 10F12.8* 
1/ , 10F 12 . 8 ) 

023  F ORMAT  ( ?X, UPPER  POUND •* 

123X,  LOaER  HOUi  * ) 

21  FORMAT (2X,/,2X, *MX»  X»*M  » ,2X, *MT« ,2X, *MF* ,2X, *ME* ,2X, 
I'PERFECT  OUTPUT*  »2Xi  ’AVERAGE  OUT  * , 4 X , * F.RROR  OUT*, 

14X,  ’VARIANCE  OUT  *,  3X  ,♦  ERROR  OUT  • » 4X » ♦ VAR  I ANCt  OUT*, 

15X, *ERMIN* ,9X, *1  RMaX* ) 

FORMAT  (Sl4»£14.b»E15.6»F  14,6»E14«6»E14.6,F14.6» 
1L1h.6,E13.6) 

40  CONTINUE 
STOP 
END 


Fig,  B.2  (Continued) 
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APPENDIX  C 

DETAILS  OF  FLOATING-POINT  ANALYSIS 
by  Jerry  D.  Moore 

The  analysis  of  the  floating-point  DSP  described  in  Chapter  5 is 
supplemented  by  this  appendix.  Equations  presented  in  Chapter  5 are  not 
presented,  but  the  detailed  mathematical  steps  leading  to  the  summary 
equations  are  given. 

C.l  FILTER  OUTPUT 

Signal  flow  graphs  are  used  to  determine  the  output  of  the  fixed- 
window  MTI  digital  filter  used  in  the  DSP.  The  symbology  is  similar  to 
that  of  Appendix  A. 

Figure  C.l  depicts  the  floating-point  filter  with  an  input  of 
x(n)  + e(n).  The  h(k)(l  + 5 n . ] . l)  terms  are  the  transmission  factors 
associated  with  the  filter  coefficient  multiplication  and  the  truncation 
of  this  product.  The  6 term  is  the  multiplicative  statistical  factor 
associated  with  the  truncation.  When  two  of  the  truncated  products  are 
added  there  is  an  additional  truncation  error  introduced.  This  is  repre- 
sented by  the  t,  terms  and  is  a multiplicative  term.  Consequently,  the 
terms  (1  4 tj) , j = 1 , 2,  . . . , N-l , represent  the  transmissions  of  the 
(N-l)  summation  processes.  A shorthand  notation  Is  developed  to  repre- 
sent the  chain  of  transmission  multiplications  that  occur,  i.e., 


N-l 

Ql  = (1  + it  (1  + t.:)>  k = 1,  2,  ...  , N-l  y 

K K i=k  1 

e0  = 01  • (C.l) 

It  is  seen  that  for  a given  output,  w(mN),  each  input  sample  that  is 
being  used  will  be  multiplied  by  a filter  coefficient  and  a e term. 
Mathematically  this  is  given  by 


w(mN)  * e^  h(n)  e^..i_n[x(niN  - n)  + e(mN  - n)J  . (C.2) 

Separation  of  the  x()  and  e{)  terms  and  manipulating  gives 

N-l 

w(mN)  = e h(n)  IeN_-j _n  + 1-1]  x(mN  - n) 


N-l 

+ e h(n)  0N_1_n  e(mN  - n)  , (C.3) 


188 


where  0 has  been  added  by  the  + 1 - 1 operation.  Thus 


N-1 

w(mN)  = £ h(n)  x(mN  - n) 
n=0 

N-1 

+ £ [h(n)(eN  i n - 1)  x(mN  - n)  + h(n)  eN  i n e(mN  - n)]. 
n=0  N 1_n  N 1 n (C.4) 

This  yields  the  equations  of  (5.1),  (5.2)  and  (5.3). 

C.2  INTEGRATOR  OUTPUT 


The  residues  are  calculated  by  the  RMS  Unit  and  then  truncated  prior 
to  being  summed  in  the  integrator.  Since  these  are  floating  point  opera- 
tions, there  is  error  introduced  by  the  addition  operation,  i.e.,  the  sum 
will  be  truncated  back  to  the  same  number  of  bits  used  In  each  input  word. 
A signal  flow  graph  is  shown  in  Fig.  C.2.  There  is  a strong  similarity 
to  the  graph  of  Fig.  C.l,  but  r subscripts  have  been  included  for  the 
multiplicative  error  parameters  6 and  c.  This  structure  assumes  that  M 
residues  are  used  to  form  an  integrator  output.  The  chain  of  transmis- 
sion multiplications  is  written  as 


= (1  + 6 


M-l 

^ 0 i) , k - 1,  2,  ... 

i=k 


M-l , 


6r,0  * er,l  ' (C.5) 

The  integrator  c.itput  can  be  expressed  as 

M 

INT(M)  = £ r(mN)  ep  } 
m=l  ’ 

M-l 

* Z ^er  m + 1 ‘ r^m  + ^ 
m=0  r,m 

M jvj.  i 

= £ r(mN)  + £ [e  - 1]  r[(m  + 1)N]  . (C.6) 

m=l  m=0  r’m 


This  yields  the  equatii  is  of  (5.5)  and  (5.6). 

C.3  AVERAGE  ERROR  AND  VARIANCE  OF  INTEGRATOR  OUTPUT 

A determination  of  the  average  error  expression  of  (5.8)  follows 
immediately  from  (5.5)  and  (5.7)  by  assuming  statistical  independence  of 
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the  residue  terras. 

The  variance  of  the  integrator  error  will  be  equal  to  the  variance 
of  the  integrator  output,  i.e.. 


°!hTE  = °INT 


ir*e, 


+ Sf^T  (M) 
ra 


- f*  r ]2  - 2 e1nt  W y - e1nt  2(M> 

•ra  J m 

= E I [ r(mN)rlmN)  - r 2j  + e^~(M)  - eint;2(M) 

mm  J 


- Erl,  (C.7) 

m J 


For  m f n the  term  inside  the  double  summation  is  equal  to  zero,  thus 


Otuti-  = M o 2 + a.  . 2 + 2 [ e. 
INTE  r int  L i* 


The  bracketed  terras  are  now  evaluated 

eint(H)  £ r(«iN)  - j j T 

m k= I m= 1 

M M 

a l s (Qr  k_i  - 1) 
k-i  m=l  r,K  1 


, (C.9) 


where  statistical  independence  between  e and  r is  assumed.  Also, 


WM  1 r = Mr  E (0r  lr-1  " 

int  m=l  k=l  r’k  1 


= Mr  2 E (e  . - 1)  . 

k=l  r’K  1 
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From  (C.9)  when  k f jn  then  r(kN)  r(mN)  = r2,  thus  (C.9)  minus  (C.1Q)  can 
be  written  as 

MM  M 

(M  - 1}  r 2 e (e  k , - 1)  + i (e  - 1)  F - Mr  2 e (e  . , - 1) 
k=l  r*k''  k=l  r*k  ' k=l  r,k  1 

M 

= (F  - r 2)  E (e  - 1) 
k=l  r*K  1 

M-l 

= a 2 E (?  . - 1)  . (C.ll) 

r k=Q  > ,k 

Using  (C.ll)  in  (C.8)  gives  (5.9), 

Determining  the  variance  cr?nt  follows  from  (5.6)  by  finding 


(MI 


e e (0  l i - TRe"  , - T)  r(kN)  r(mN) 
k=l  m=l  r,K  1 r,Ml  1 ’ 


'int 


(MT 


M 

E 

m=l 


(er,m-i  ‘ ^ 


M M 

rz  e E (e  , - l)(e  k-]  - 1) 
m=l  k=l  r’n  1 r,K  1 


M M r 
= 1 E 

int  k=l  m=l  l 


^r7k-l*1)(0r,m-l  '1)'  - (e^., 


(6r,m-l  ' 1}  r 2 


1) 

(C. 12) 


For  k f m the  difference  is  equal  to  zero,  thus 


a 


2 

int 


M r 

E 

m=l  . 


TFF  - 


( C . 1 3) 


Changing  the  index  for  summation  yields  the  results  of  (5.10). 

The  bounding  procedure  used  on  the  residue  calculation  is  complete 
in  (5.11)  through  (5.19).  The  results  depend  on  the  filter  output 
statistics  g and  g2”*  These  quantities  are  determined  from  (5.3),  i.e., 


N-l 

g(mN)  = E h(n) 
n=0 


(0N_i_n  ‘ ^ x(niN  " n)  + eN-l-n  e^mN  " 


(C.14) 


where  e and  e are  assumed  statistically  independent.  Since  e = 0,  it 
follows  that 
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N-l 

9 - e 

h(n) 

n=Q 

N-l 

s z 

h(n) 

n=Q 

- "I)  *(mN  - n) 


. eN-l-n  ' x]  • 


(C. 15) 


Assuming  that  the  x()  samples  come  from  a doppler  signal  that  has  zero 
mean,  i.e.,  x = 0,  and  that  e is  statistically  independent  from  x given 
that  x is  positive  or  given  that  x is  negative  yields 


h(n) 


e+  - e- 

N-l-n  N-l-n  -1 


(C.16) 


where  A is  the  peak  value  of_the  sinusoidal  signal  x()  and  half-wave 
average  values  are  used  for  x+  and  x-,  i.e.,  x+  = -x-  = 2A/ir. 

The  mean  squared  value  is  more  complicated,  but  squaring  (5.3)  and 
taking  the  expected  value  gives. 


N-l  N-l 

o7”  = E E h(n)  h(k) 
n=0  k=0 


(0N-l_n  ' ^Vl-k  * x(mN  " n)  x(mN  - kT 


+ °N-l-n  eN-l-k  e(mN  - n)  e(mN  - k) 


(C.17) 


where  e = 0 has  been  utilized  to  obtain  this  result.  For  n f k statisti 
cal  independence  can  be  assumed  between  the  e()  terms  and  also  between 
the  e and  x()  terms,  thus 


E e h(n)  h(k)  eN_i_n  x(mN  - n)  0N_-,_k  x(mN  - k) 

n k 1 

n^k 


N-l 

+ E h2(n) 
n=0 
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N-l-n 


l)z  xz(mN  - n)  + 0^_-j_n  e2- 


= h(n)  h(k)  (o+  - 0-  )(e+  - e-  ) 

11  n k N-l-n  N-l-n  N-l-k  N-l-k 

n^k 


N-l 

+ e h2(n) 
n=0 


o 


N-l-n 


(x7  + e2”) 


- 0 


N-l-n 


x^  + 


9 


(C.  18) 
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The  mean  squared  i 3 of  x is  the  rms  value  squared,  i.e.,  x1  = A2/2, 
thus  simple  maniKU.ution  yields  (5.21)  when  e7"  = 1/2[q+2  + e-23. 

C.3  FLOATING-POINT  STATISTICS 

Evaluation  of  the  statistics  of  the  floating-point  parameters 
and  0r  k is  presented  in  this  section.  The  procedure  Is  identical  for 
each  of  these,  thus  a generalization  is  made  from  the  derivation. 

Using  (C. 1 ) and  taking  the  average  value  gives, 

N-l  

e+  = (1  + 6+)  v (1  + ?+) 
k k i=k  i 

N-l 

= (1  + 6+)  tt  (1  + e+) 

k i=k  i 

= (1  + 6+)( 1 + c+)N“k  , (C.19) 

where  statistical  independence  and  identical  distributions  are  assumed 
between  index  values.  The  mean  value  for  et  Is  similar  except  the  minus 
subscripts  be  used  on  the  6 and  c values.  The  mean  squared  value  Is 

~ N-l  

o+  = rm+T?  n (i  + C+)2 
k k i=k  i 

= (1  + 26+  + a+^d  + 2c+  + t7z)N"k  (C.20) 

The  negative  statistic  is  obtained  by  using  the  appropriate  sub- 
script on  6 and  i . Evaluation  of  the  er,k  statistics  can  be  accomplished 
by  replacing  N by  M and  using  6r  and  cr  associated  with  the  integrator 
word  lengths. 

Truncation  is  proposed  for  the  operations  in  the  DSP.  A general 
development  for  describing  the  resulting  error  is  presented.  A floating- 
point word  containing  b fractional  bits  in  the  mantissa  (after  trunca- 
tion) and  C integer  bits  in  the  exponent,  (sign  bits  are  not  included  in 
these  counts)  is  used  and  e is  the  multiplicative  error  term.  The  trun- 
cated word,  xy  is  expressed  as 

Xy  = X + e X . (C.21) 

For  positive  values  of  x the  error  is  negative,  i.e., 

-2"b  • 2C  < ex  < 0,  x > 0 , (C.22) 
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The  rainimiBU  value  of  x is 


x . * 0.5  • 2 , x > Q . 
mm 


(C.23) 


f(  b“l)  < e < 0,  X >_  0 * 

r-  -2"b,  x > o , 


, X > 0 , 


(C. 24) 


I x 3 K • Z ' > 


x**  3 (2  - M)  • 2C  - M**  • 2C 


(C.25) 


where  H is  the  mantissa  of  the  magnitude  of  *.  Standard  floating-point 
form  dictates  that 

0.5  < M < 1 » (C,26) 


Thus , 

1 < M 5.  • ® i 

2C  < x*"  < 1.5  • 2C  = 3 • 2C"’. 

Truncation  of  x‘*  will  cause  a negative  error,  l.e., 

**  **  ** 

XT  * X + £ x . 

Considering  (C.22)  gives 

(2  - 2’b)2c  < e /**  < (2  - 0)  • 2% 

(2  - 2'b)  < e M**  i (2  - 0)  s 0 , 

(2  - 2~b)  < e (2  - H)  5,  0 , 


(2  - 2”b)  < e (2  - 2’1)  iQ 


(C.29) 
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In  two's  complement  multiplication  and  division  by  2.  a negative  mrniber 
is  shifted  with  zeros  brought  in  from  the  right  arid  ones  from  the  left. 
Thus,  to  qet  the  2_1  term  to  appear  in  the  2-b  position  requires  division 
by  2 (b-1).  It  follows  that 


0 < e 2 


-(b-1) 


e = 2 

2 = i 


a 


-2b 


(C.30) 


Applying  the  results  of  (C.24)  and  (C.30)  to  the  development  of  the  DSP 
parameters  gives 

T * -T  = 


16 


■2MTM 


. .2-(MFM-D^ 


7*  = 7^  = 


_ 16  9-2MFM 


~1  ' 


V=-2 


-MEM 


jz  . 4 9-2MEM 
*r  3 * 2 > 


7 = „o-MSM 


yz  _ 4 ?-2M$M 

V J 


( C . 31 ) 


These  results  can  be  used  to  evaluate  the  e statistics  of  (C.19)  and 
(C.20)  and  consequently  the  expressions  of  (C.16)  and  ( C. 1 8)  and  the 
error  statistics  given  in  Chapter  5. 
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APPENDIX  D 

COMPUTER  PROGRAM  FOR  FLOATING-POINT  THEORETICAL  ANALYSIS 

by  Jerry  D.  Moore 

The  computer  program  for  implementing  the  theoretical  analysis  of 
the  floating-point  DSP  is  presented.  The  flow  chart  Is  given  in  Fig. 
D.l  and  the  program  listing  in  Fig.  D.2.  The  program  requires  data 
cards  to  specify  parameters  as  shown  in  Table  B-l  for  the  fixed-point 
processor. 
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Fig.  D.l  Flow  Chart  for  Float! ro-Point  Processor 

Theoretical  Cal cu  1 at:.  • of  Statistical  Bounds 
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7 I0S2- — THEORETICAL  INTEGRATOR  OUTPUT  STATISTICS 

DEVELOPED  OiJ  CONTRACT  DAG0072  FOR  US  ARMY  RESEARCH  OFFICE 
isY  JERKY  D.  MOORE  AT  THC  UNIVERSITY  OF  ALAHA^A  MAY  1976 

DETERMINES  INTEGRATOR  OUTPUT  AVERAGE  VALUE  AND  VARIANCE 
HOUNDS  FOR  FLOATING-POINT  RADAR  DIGITAL  SIGNAL  PROCLSSOR 

SYMBOLS  USED 

del r ap  delta  for  posit i vf..  values 

ZEUP  ZETA  FOR  POST  I VL  VALUES 

ALL  OF  THE  POLL  Gw  I No  TERMS  ARE  THE  AVERAOF  VALUE  OF, 
THE  TERM  INDICATED; 

DELTAR  DELTA  FOR  THE  R VALUE 
ZLTaR  ZETA  FOR  THE  P VALUE 

A 2 FOLLOWING  THE  DELTA  OR  ZETA  MEANS  SUJAREJ 
7 Ml  UP  I NET  A FOR  POSITIVE  VALUES 

thetan  theta  for  negative  values 

thetar  theta  for  r values 

L2  INPUT  OUmNTIZATISM  ERROR  SQUARED 

tKRUP  ERROR  AT  OUTPUT  UPPER  POUND 

LRKLG  ERROR  AT  OUTPUT  LOWER  POUND 

VARt.RU  VARIANCE  AT  OUTPUT  UPPER  POUND 

VARERL  VARIANCE  AT  OUTPUT  LOWER  ROUND 

DIMENSION  H120) 

DIMENSION  ARTHET (20) 

COMMON/P/  Dt  LTAP#?ETaP»EE  TP2*ZETAP2 
COMMON/R/  DLLTAR*ZETaR*DELTR.?*ZETAR2 

RCAt>  IN  FIXED  PARAMETERS 
DO  99  NRUNS- 1 * 1 

RCAD(S»  19)rj»M»SlGAMP,FRL0,FPRF#  (H(  I ) , 1=1  »M) 

PRINT  lb 

PRINT  20»N#'-1»SIGAMP»FREO»FPRF  , (H(K) ,K=1»N) 

PRINT  23 
PRINT  21 
INITIALIZE 

PI=3, 141592624 
PI2=b.2»31ftii30« 
t no  Initialization 

CALCULATE  TRANSFER  FUNCTION  AT  SIGNAL  FREQUENCY 
XRLALSzO 
AIMGS=U 

aRG=PI2*  (FRi.w/Ft  KF ) 

DO  11  1=1 fN 

XRLAL  = H ( I ) ♦COSURG*  ( 1-1)  ) 


Fig.  D.2  Floating-Point  Processor  Theoretical  Analysis  Program 


200 


N 

I 


11  ^=xreaL+xrulsU  ] 

11  XlMGSsXlMG+X  IMGi) 

SUMS0=XREaLS**2+X!mgS*»2 
TRANSsSQRTjSUMSG) 
i gamp*  trans 

£ROLES=M*U 

C END  OF  TRANSFER  CALCULATION 

C CREfiM  ml<u  U,,GT"  «»«ioh 

oo  / 3 MTMs9» 15 

MFMzMTM 

MFMMIcMFM-J 

[jo  13  MEM=6»MFMN1 

MSMzMEM 

C trio  OF  KCRO  LENGTH  SPECIFICATION 

C CALCOELATT^ST,ATliT,C‘L  PS»">WTERS 
UtLTAPi-2.#*(1.MTM) 

^tfAP=-2,**(i-Mf.M) 

DELT ap-  t^*^^*)*^*  **”(  2*MTM ) 
LELTAR=»2,**-mem 

^ETAR=-2,**-MSM 

GaMzO,(J(J69 

&AH2=o.G002bb 

t GF  SU,1STIC'L  parameter  alculations 

c calculate  g 

OOUMzO , 

00  30  NN=1 ,u 

NNN=NN-1 

^NNN=N-1-NNN 

dU  ODUM=Gt)UM*H(fjN)*UUMl 

, tMn  O^GUUM* (SIGAN P/FI j 

c lnu  calculation  of  g 
C Calculate  G2 

GDUMIZO. 

NMi-.N-l 
00  31  NNzIaH 
00  31  KK=1,n 
1E(KK.E0,NN)  GO  TO  31 

FiS-  0.2  (Continued) 
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GDUM 1=GDUM1+M ( f IN ) *H ( KK ) * ART HET ( MM ) * ARTHET ( KK ) 

31  CONTINUE 

G2UUM={ (SIGAMP**2) /(PI**2> )*GDUM1 
GUUM3=0. 

UO  32  NN=  lfi'J 

UNNsNN-1 

NNNN=N-1-NNN 

UUM2=  ( ( SIGAMP**2 ) /4 . +E2/2 . ) * { THF.TP2  ( I J » NNNN ) +THETN2  ( N,  NNfJN ) ) 
LUM3=THETAP  ( M , NNNN ) ♦THE  TAM  ( N » NNNN ) 

Gi)UMX= ( 1 #-DUt -3)  * ( ( SIGAMP* *2 ) /2.  ) 

GDUMY=(0UM24G0UMX) *H(NN) *H(NN) 

G0UM3=GDUM3+GDUNY 

32  CONTINUE 
G?=G2DUM+GDUM3 

C END  CALCULATION  OF  G2 
C 

C CALCULATE  ERRUP  AMD  ERRLO 
UUM4=SGRT(2.*G2) 

UUMb=U+DUM4 
LUM1 0=1 , +GAM 
I<MAX=DUM10*L)«»M(> 

LUM7=U-nUM4 

UUi'll  1 = 1 ,+2. +GAM+GAM2 

R2MAX=i)UMll*nUMo**2 

R2MIN=UUMll*nUM7**2 

K0UM=U*+2-2 . *U*UUM4+2«  *G**2 

KUUMUO. 

1F(HUUM.GT.0.  ) Ri)UMI=SORT(KUUM) 

KW!lNl=UUM10*PQUr:i 

ADUM7=AbS(DUf’7) 

ADUMI2=ABS(U-S0RT (2. ) *AHS(G) ) 

KM  1N2=UUM1 0 ♦AMI I >1  < ADUM7 > ADUM 1 2 ) 

KM  I N= AMAX 1 ( KM  1 1 1 1 » KMI . 42 ) 
uUMb=0 , 

UO  33  MM=1»M 
MMM=MM-1 

33  UUMS=DUV5+ThETAH(M,MKM)-l. 
ERRUP=GAM*M*U+UOMlO*<M*DUM4+OUM5*OUMM 
LKKLOskMIN*  (M-K)U  ^j)-"-.*U 

c FtJU  CALCULATION  of  F.<KUP  ANl.  ERRLO 
C 

C CALCULATE  VARERU  AND  VAKERL 
VAKK«JP=R2MAX-RMIN**2 
uUMl3=R2MlN-RMAXf*2 
VAKKL0=AMAX1 (DUMl 3# 0. ) 

DUMrt=0. 

UUMy=U * 

UO  34  Mf  =l,M 

Fig.  D.2  (Continued) 
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Miv1=MM-1 

UUMa=DUMB+THETR2 ( M » MMM ) -2 , ♦THETAR < M#  MMM ) +1 
34  UUM9=0UM9+  ( THETAR  ( M ♦ MMM ) -1 • ) * *2 
V ARt.  I U=R 2M  A X * OUt" 'rt-  { RM I N * * 2 ) * DUMP 
LIL0UM=R2Mi;M*nUM8-(RMAX**2)*DUM9 
VAREIL=AMAX1(EILDUM,0.) 

VARERU={M+2.*DUMb)*VARRUP+VARElU 
VARERL=(M+2.*DUMb)*VARRL0+VAREIl- 
C END  CALCULATION  OF  VaRCRU  AND  VARERL 
C 

V'.RI  IE  (6#40  ) MX,MTM,MFM,MEM»K5M»ER0LES,ERRUP,VARERU, 
lERRLOt VARERL 
1j  CONTINUE 
14  CONTINUE 

l(i  FORMAT  ( 1H1  > 2X  »/#/*/*  ?X » ’ROUNDS  ON  INTEGRATOR  OUTPUT  * * 

l*  error  statistic^  — floating  point  — dagoo72  1976*./) 
10  FORMAT  (?I2»3F12,4»/»[><4F20#13>/)  ) 

2u  FORMAT ( 2X» I3» iX» ’COEFFICIENTS*  * 15# IX# ’RESIDUES*  »5X» 

1 'SIGNAL  AMPLITUDE  = ♦ ,F8.6»  5Y . 'SIGNAL  FREQUENCY  = »» 

IF  ft  • 2 » 5>X » * PRF  = * »F8,2»/*2X»  •COEFFICIENTS’  »/»2X»7El5.8» 

1/ » 7L 1 b » r# / » /Tlb.h) 

02w  FORMAT  ( £X,  / ,H6X#  * UPPER  BOUND *, 

119X,* LOWER  uOuilu *) 

21  FORMAT  (2X,/r‘>X.  1 MX  * ,2X»  «MTM*  *2X»  *MFM»  »2X»  *MEM*  »2X»  *MSM*  * 
16X » * PERFECT  OUTPUT*  , 1 IX,  ‘ERROR  OUT  * » BX  ► * VARIANCE  OUT*, 

1 1 1 X , » ERROR  out* ,bx, » variance  OUT*) 

4 u FORMAT (2X»blD»hL20.o) 

00  CONTINUE 
STOP 
EHO 


Fig.  D.2  (Continued) 
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FUNCTION  IHLTaP(N»K) 

COMNiON/P/  Dt-LTAP  # ZETAP  * DELTP2 » ZETAP2 
1 HE1  AP=  ( 1 . +Ot’LT  AP ) * ( 1 , -f  ZFTAP)  **  ( N-K  ) 

RETURN 

END 

FUNCTION  THcTP2(N»K) 

COM, V, ON/P/  D£LTAP.ZETAP»OELTP2#Zt:TAP2 

T NETP2= ( 1 . +2 . ♦OLLTAP+DELTP2 ) * (1 . +2 . *ZETAP+ZETAP2 ) ** ( N-K ) 

RETURN 

END 

FUNCTION  THE. TAN ( N# K ) 

COMMTIJ/P/  DLLTAP. ZETAP# DELI P2»ZETAPP 
1 HlT  AN=  ( 1 . -UrLTAP ) ♦ { 1 . -ZETAP ) **  ( N-K ) 

RE  TURN 
ENJ 

function  thlthptn.K) 

COMMOU/P/  DLLTAP . ZE TAP . DFL TP2 . Zf TAP?. 

THE TN2=< 1.-2. *DI  LTaP^OELTP?)  * ( 1 . *ZETAP+ZETaP2 M * ( N-K ) 

RF-TURN 

LNO 

FUNtTIuu  THlTAR(i'NK) 

COMNON/R/  DlI  T AR  » ZE.T AR » DEL  1 R2 . ZF  T AR2 
Tllu.1  ARz  ( 1 ,+ijl  LTAR  ) + ( 1 . 4/ITTAR ) ♦♦  ( M-K  ) 

RETURN 

END 

f unction  th».tr?  tm.k  > 

COriNON/i;/  OuL  Ta>  » ZE  I AR  ► DEL  TR2 » ZPTAR2 

lift-  I R?  = { 1 . + 2 . *DlLTar  + DLLTR2 ) * ( 1 . 4 ? . *ZET AR ♦ ZE  f AR2 ) **  ( fv'-K ) 

kEI URN 

END 


Fig,  D.2  (Continued) 
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APPENDIX  E 


COMPUTER  PROGRAM  FOR  SIMULATION  OF  THE  FIXED-POINT  PROCESSOR 

by  Bhadrayu  J.  Trtvedl 

This  appendix  contains  the  FORTRAN  computer  program  to  simulate  the 
fixed-point  processor.  In  the  following  discussion  the  input  cards  are 
described  in  the  sequence  actually  used  by  the  program. 

Input  to  MAIN 

Card-1  — NRUN 

Explanation  — Number  of  simulation  runs  to  be  made. 

Format  — 12 

Inputs  to  STARTQ 

Card-2  - SCAL,  SCRUB,  XM2,  SIGMAF,  CLTFAS 

Explanation  — SCAL  is  a scale  factor  for  normalizing  signal  plus  clutter, 
in  order  to  use  all  the  dynamic  range  of  the  A/D  converter.  SCRDB 
is  the  slgn-il-to-clutter  power  ratio  in  dB.  SCRDB  is  0.0  if  no 
clutter  is  to  be  used.  XM2  is  the  ratio  of  dc  to  ac  clutter  power. 
SIGMAF  is  the  standard  deviation  frequency  in  Hz  of  the  clutter  power 
spectrum.  CLTFAS  is  the  phase  of  the  clutter. 

Format  - 5F10.4 

Card- 3 — SAMPF 

Explanation  — SAMPF  is  the  sampling  or  pulse  repetition  frequency  in  Hz. 
Format  --  F10.4 

Card-4  - FDOP 

Explanation  — Doppler  Frequency  in  Hz. 

Format  --  F10.4 

Card-5  - NDWEL,  N DELAY , NCYCLE 

Explanation  --  NDWEL  is  the  number  of  antenna  dwells.  NDELAY  is  the 
number  of  filter  coefficients.  NCYCLE  is  the  number  of  residues. 
Format  — 313 

Card-6  - (CONST(K),  K=1  NDELAY) 

Explanation  --  CONST(K)  is  the  Kth  digital  filter  coefficient.  Note 
that  a maximum  of  seven  coefficients  can  be  specified  on  a card. 

For  more  coefficients,  extra  cards  should  be  used. 

Format  --  7F10.6 

Card-7  - MX,  MC,  MT,  MF,  ME,  MS 

Explanation  — These  are  the  processor  word  lengths  in  bits  as  described 
in  Table  2.1. 

Format  --  SI3 


2G5 


Card-8  ~ (IPRINT(I),  1=1,9) 

Explanation  — IPRINT(.I)  is  tha  Ith  print  option  such  that: 

IPRINT(I)  =0  No  print 

= 1 Print 

where 


I * 1 
= 2 
= 3 
= 4 
= 5 
= o 
= 7 
= 8 
= 9 

Format  — 913 


Input  to  A/D  converter 

Output  from  A/D  converter 

Output  fr<m  multiplier 

Truncated  output  from  multiplier 

Input  to  accumulator  and  accumulator  output  magnitude 

Final  filter  output  magnitude  (input  to  RMS  unit) 

Output  of  RMS  unit 

Truncated  output  of  RMS  unit 

Integrator  output 


Inputs  to  MAIN 


Card-9  - JPRINT,  JADCLU,  KTHEOR 

Explanation  — JPRINT  controls  the  printing  of  RMS  output  statistics. 

JPRINT  =0  No  print 

= 1 Print 

JADCLU  controls  addition  of  clutter  to  signal. 

JADCLU  =0  No  clutter 

= 1 Add  clutter 

KTHEOR  controls  the  type  of  filter  coefficients  to  be 
used  for  computing  theoretical  output  (infinite  pre- 
cision answer) 

KTHEOR  = 0 Unquantized  coefficients 

= 1 Quantized  coefficients 

Format  - - 311 


2CG 


COJPYHV«U§LE  111  DDC'DOBIOT 
PERMH  HILLY  LEGIBLE  PBDDUOUON 


MAIN  PROGRAM  TFTNC 

SHOWS  0UANT17  ATI  ON  ERROR  OP  NO*  -P  E C UR  S I V r FILTER 
A S 5 Uv  t STATION  A3  v TARGET  WITH  !>OPPLEp 

MAY  REPEAT  T'<E  ft  »>  T c n M A DWELL  R G C A U R 6 Cl.UTTeft  IS  RANDOM 
DIMENSION  OUTA*(«1?)  ,OUTPAR  d12)  .OUTTHt*  (S12) 
COvMON/FLTpAR/*'DWbL  , N D c L A Y , N f Y C L c , I CONST  (51  2)  » L E V E L X , 

* LGVELF  .LEVEL  S ♦LGVPLP,LEV£LC  ,CpNST  (512)  , X C OiJS  T ( 5 1 2 ) , 

* l E V p L T 

C )MMO^/PRI*iT  / IPW  TNT  (15) 
0OMMON/PULTFt/YI(5i,2),Yy<512).JArCLU 
ToMMpN/RAD°A'’'’/t,I?,DELT,NPULSc,PDMP,AS.I>S.CS,DS 
rnwMON/UPDpUl/YiM,pHASF,iCLUTfCI(512>*Cu<5l2) 

RE«D  (5.1 0*0 ) “RUN 
j n format  (12) 

DO  1n01  I=1,N0UN 

1 FORMA  T ( /I  X , 'MUGLER  Oe  A/D  C Of  vc  RT  E D ?ETURAT10.\S  = ',!$/) 

> FOFMT(lv,U,'  OVERFLOWS  IN  A C C ('MIL  A T I ON  . IN  PHASE  ' » 

* 'KULSF  NO.',Ie) 

I FORMAT  ( 1 X , T A t ' OVERFLOWS  IN  A f C I'L  A T T 0*' » hIJADRAT  ', 

* 'PIILSP  NO.'.!') 

4 r A »i  ;<  a T ( 1 X , ' r,V  c V EL^w  1 N ! N T F G K » T T O*1  DUP  P'fa  CYCLE  NO.  ', 

* IS) 

5 FORMATdX,  'INTEGRATOR  OUTPUT  Fr-  OVELL  Np.  ',IS5X, 

* 'OCTAL  = ',01  ■>,  *X.'RfcAL  » ' . F « c . 6 > 

6 F 0 R M A T ( / 2 5 v , ' A N T E N **  A DWELL  NUMPE*  ' , I 5 / l r X . 2°  ( 1 H * ) ) 

7 FORMAT(/Sa, 'IN-PHARE  CHANNEL.  VT  I C Y C L p *'0.',I4/> 

* f 0 R M A T (/Sx,  'OIJADRATU1  c C H A *'  M F L * v T 1 CYCLE  SO. ',14/) 

•)  FORMAT  (Z1  X,  'OUTPUT  OF  PMS  A Lr>OP  I thm  ' , 2 X , 'OC  T A L = '.012, 

A 5 X , 'QUANT  UCD  = ' , FI  2 .5  ) 

0 FORMAT  (/  1 X , 'TRUNCATED  P**S  V A |.  Uc  ' . 6 X , ' 0 C T A L = '.012, 

* 5X,'QUANTTZCD  * ',^<2.5) 

6 FOr,MAT(/U,  'TNTfcCR»T?D  V « LU5  ' , °X  , ">C  T Al  = '.Ol1, 

* 5X, 'QUANTIZED  = ',F12.5) 

7 FOPMATtlX  ,M(1  MO  ,'OVE  RFLOW  IN  I NTF fa RATION',!  } (1 H * ) ) 

0 FORM A T ( 1 Hi , TSO , ' RMS  OUTPUT  STATISTICS ',//) 

1 FORMAT(TS, 'INFINITE', T?A, 'ACTUAL  Pv‘3  H»  R^*4RE  ' ,T66  , 

* 'PERFECT  S'-S  RcALI7ATlpN',T1n7,'r’A’S  DIFFER? UCt',/,T6, 

* 'PRECISION',  / , T 2 , ' n J a,  ANSwFR',-'1‘3,'oUTpUT',T52.'ERR0l!T', 
*T4Sf 'VAR  I AMCp'  ,T:.;<.  'OUTPUT' ,T71  .'ERROUT'.T1-*.,  'VARIANCE'  , 

* T97,'ErfRDIc',Tl{;7,'AVCDIF',Ti21,'vARDlT',/  ♦ T 7 , ' ', 

* T6,1?dH*),Tl9,2c'(1H*),TS6,3cdH*),T07,3r(lH*)) 

2 FPPK»T(1H1 ,T46 ,' INTEGRATOR  OUTPUT  STATISTICS ', 

* //) 

s fo°MAT(T2,'  — - - v c k A G p =RROR',T7?.  . = 12.5.T71,u12.5,T{57, 
*p  1 1 .4  , / ,-T£- , ' MINIMUM  EERO-?'  , Ti7  , El  ^ ^ ,T  71  , El  2 . 5 , T97  , 

★ F 1 1 , 4 , / , T 2 , ' — — MAXI  HP'  t 0 P ' , T d , E 1 7 . ^ 7T  , r 1 2 . 5 , T 97  , 

* c 1 1 . 4 ) 

4 FORMAT <1 X, t ? ,7  = 1 I.'  , Tf  f 2 .4) 


Fig.  E.l  Listing  for  the  Fixed-Point  Simulation  Program. 
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9F>C 

•>  "> 

*71 

0 7? 


C * **  ♦ 


? n;  1 


Cf  vpyT  £.<''♦ 
C«v,pyTfcft  ' , 


7 i 


?~r;s: 

^ <r  * # t 


^ ;•  *M>p  fV  ’*  ^ 1 ‘‘iju’ifc  * *»«',* 

, , * • . - 

•■  ; ■.  '‘.r-t . ^ rV' 

Fn!?MAT(3I1'» 

F0BVST(1X/Hn,  OF  SWELLS', I?. iy»'SUV|  OF  INTEGRATOR  ", 
♦'OUTPUTS*',  F12  .5 /1X,'«VG.  Of  IvT*fc»AT0»  OUTPUTS*  ' , FI  2 .S  ) 
FOp*M</»1  V,  A0(1  ji*),'TMIS  S IMUL  A T I F>f,  CONTAINS  CLUTTE*') 
r0»A*TC/,1v,10<ln*),-THH  SIMULATION!  DOE"  NOT  ' , 

* 'CONTAIN  fLllinR') 

CALL  STARTO 

» + *-4'***  + ***^*****+********'**************'*4************'* 

PC*P  JPh  JNT,  JArCl.L',KTHeOR 

T F (yTHf.Oh.F_r.'')  PRINT  50*1 
T F O' THLOK.FG,  1)  PMNT  20i? 

FO«MT  ( a A , 1r'(  ^H*)  , 'ThFOPgTJf  Al.  ^ U ▼ p t.*  T 

* " WITH  I Dr  A L CO'-ff  If  IFNTS'/) 

F a t FA  r < r A . 1 *»<  ’h*)  . "THFO*E  TK  AL  OyTf’iiT 

* " *P'h  ouJMPif  f Off  FJflCMTS'/) 

!f  (JA.ACLU.Nf  .m  r,0  TO  07' 

P ? I N T 0 7*> 

no  r n 07 » 
r^if.T  071 
COM’NJU:. 

nih»mp4(,%dflay+i)/; 

N 0 1 1 M * (NI)FL  AY-1  I/? 

IF  (YTHjjOfi.F, S.'"')  GO  TO  20JT 
HOFf sXCONST (NOMVP) 

0 0 R 7 1 < * 1 , 'J  O U v 

■<0  f f *H  Of  * ♦ 7 .MfONST  (‘JO’IYP-K  ) * C ^ S (FI  2*fOO***Otl  f * K ) 

C 0 \ T ! HI  E 

:.o  to  1 ip, 

H 0 F F * C ON  $ T C *.  0 U VP  ) 

00  2 o 5 5 Jm1,NDIl,< 

HOF  F a HOF  F , *C  o\ST  (\i  oijvp.j  ) *COS  (p  I ? * F D ^ F *DFlT*J  ) 

” H c 0, 0 T = A " * >*  •'  F F 

t'**************  '**0  + »H*i*<i*H*'*,0**»*****i***  a********* 

UX=2./FL0At<L€V"LAT 

0 0'JTs:.*FLr'AT(LtVtLF/LPVFLT)/FlOATfl-VcLr) 

0T  = 2. /FLOAT  (LiVtm 

suoint*".*' 


(J  ? 7 


I F ( J t'  R I T , 
p p 1 \ T v .*  o 
p R I N T -i : 1 
f o»’T  I Nile 

I P0*JT  = o 
0 U c H p / = " . 

0 p r & c ^ = 4 

'<  r c IJ  c a = ■• , 

0P  = sf  /.= 

0 0 F 5 c = ' . 

0 l>  I F 5"'»  = .. 


0)  co  TO  9*7 


Fig.  E.1  ('Continued) 
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OUTMA  Xa-1Qf'CU 
m)7MIN*100r‘. 
ouPK^xs-io^n. 
OUPM!N»l00n. 
OOFMAX*-1CnO. > 

00  000  . 

nsat*o 

1 X*1 234567 

00  15  IOWELsI ,NfcW£L 

CALL  KANOU  U>UlY,PNfi> 

PHA$F»<P12)*PN9 


ERR$UM«G. 

FSOSUM*C. 

ERPMIN*iriL". 

5Rp«AX«-1C''0. 


IF(JPRINT«eG«0)  60  TO  99" 

PRINT  A,ICWU 
990  CONTINUE 

CALL  UPDATO 
T OUT  * 0 
!PouT»r 
P F.  R S II M * 9 « 

pssasM«o. 

PC.RM!N»1  00"  • 

PtPMftXr-10"0. 

DIFStlfUO. 

0IFS9S*0. 

OIFMtN»ino«. 

PIfMAX*-1090, 

00  1?  IC YCLE*1  .NCYCLF 

f GENERATE  NfttL  AY  SAMPLES  FACH  OF  XI  AND  XN 
CALL  PULSCO  . 

C COMPUTE  ACCUMULATOR  OUTPUT  FOR  I AN D 3 CHANNELS 
IPR«IPRINT(1)*TPRINT(2)*IPRINT(3>* 

* IPRINT(4)+IPRINT<S)*IPRINT(A) 

IFUPR.tQ.O)  TO  19 
PRINT  7.ICYCLE 
19  CONTINUE 

CALL  FILTNOtXI  .IMOMS.NOVFLI  ,NSAT) 
IF(ir>R,EQ.O)  6"  TO  2*» 

PRINT  ?,ICVCLE 
?0  CONTINUE 

CALL  FIITNO<XQ,INURN,S,N0VFLG>.n,S*T) 

C C H P C < FOP  9V c R F L 

C NOV F L I AND  N"VFLQ  ARE  N UMB  E R $ PF  OVERFLOWS 

IF  (NOVFLI  .NE,r>)  PRINT  7 * NOV  FL  I 

Fig.  E.l  (Continued) 


!F<NOVFLO.*iE.O>  PRINT  3,nOVFU 
f IMPLEMENT  sm«  ALGORITHM 

IR*$*I8MSA<  INI  %INfiR*S  ) 

if(:p«int(7) .s-q.-i)  go  to  11 

XXRMS*FL0AT(IR*S)*«T 
PRINT  9 1 1RM 5 » X TRM$ 

11  CONTINUE 

C TRUNCATE  TO  VE  PITS  A NO  FyPA’'t>  Tp  VF  SITS 
!RMST*mE*(?HfcS  .LcVUF,LEVELC,tcV'LS> 


«■***#**«< 


VIffM<?T*FlC<'T{I  PM«T)  *0 OUT 
TF<IPRINT(P) .EC.")  GO  TO  13 

PRINT  10.  IPMf.T  ♦XIR^ST 
13  CONTINUE 


FRPOUT*XIft*$T-THFOin 
EKPSUM*tPRTuN+rpPOHT 
AVC«R«*fcPSH'*7TCVet6 
F f 0 SUM* l SurU> ♦ r R "OUT  * * ? 

AVGS<3V«f  JC^UN/HVCI  E 
*VGMSV*SOFT (AVf FOV) 

P I<iERR*AV&*WV-AVCfc',R**? 

IF (FrRPAV,lT  «£*POUT)  l SR * AX *B R PC UT 
IF  < E r RMN.fi  T.ERROUn  E PR  R I *:*F  RPOUT 
T ppy<?*SCl°T  ( (tK  It,  » j*QT  )**?♦  CJNGPhP*OT  )•*  £1  /OT 
If’RNPTalTfi^xC  lPKv. S«LcVFLF,|.EVElt  .LFVPLP) 

XPRw*T*FLO*T  (IpfMST)*<>OMT 
pEROUT*XPRvST-rHfOUT 
PERSUN*pFRRIJM*pE,,OUT 
PAVFCR*PEI<PUV/  ICYCLF 
P 'l  f.  0 S :i * P F s p S V ♦ t"  L ? 0 H T ♦ * ? 

PAV$«V*P*SOS**/ UYCLE 
PAV*scV*SORT  (P^VSQV) 

PSI6FR»PAVSQV-{'AV£RR**? 

I F (PFft*AX.LT  .P^nO'JT)  PFrt’>,AX*P?pOUT 
IF  (PFRTIN.RT  ,pc(.0UT)  PERMXN*PEpOUT 
FRCDIFsERK^UT-PtROUT 
0IFSIJMsDTMUm-fcK‘-,0!F 
AVfiOIF«DIF9U' '«/  I C V C L E 
OIFSOS*OIFS!)S>FRRDIF**’ 

pifasv*dif<cs/tcvcle 

PI  FWSVsSQKT  <M  f A • V ) 

V A 0 p T f a D If ' SV-'VGOT  F * * ? 

IF(PIFVAV.|  T.E^RPIF)  OTF^AXsfi’PjTp 

IF<D!F«IN.OT,e?pdif)  DTfvIN*Fkt‘DlF 
IFCJPRINT.cg.O)  $0  TO  03* 

°RINT  o s 4,  T CYCLE  , THE  OUT  , V I RM  s T f fc  * R r>u  T , <5 1 r.c  p R , a » R * $ T , 

Fig.  E.1  (Continued) 
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♦ PEIOUTfPSISe*  ♦ 'fRROIF.AVGOlf  »VA»DIF 
9«*  CONTINUE  * #** 

C integration 

CALL  AOO(IOUTf TRMST, lOUT.INTOFL, LEVELS) 
IMINT0fL#N6,0)PRINT  17 
*2 OUT *f  LOAT  dOUT  )*<50UT 
If dPRlNT(P) .EO, 1)  GO  TO  14 
PRINT  l6,nUT,  VJOUT 

n continue 

CALL  ABDdPOUT  ,1PR*$T,  ! POUT,  I NTQFL*  LEVEL*  > 
IfdNTOFL.*'E.O)PRINT  17 
*PIOUT*FLO« T (IPOUT) *GOUT 
If  dNTOFL.rG.O)  CO  TO  1 2 
PRINT  4,ICVCLE 
12  CONTINUE 

OUT»*LOAT(TOUT)*<JOUT 

auwint»suktnt*out 

IFIJPRINT.Ptt.O)  CO  TO 

PRINT  «i8?fAVf,E«5ft.PAVERR,AVGPIF»F'>RwIH,PEr,^IN*t»IF^INf 
*FRRMX,PF.RMAX  ,0IFMAX 
OP9  CONTINUE 

OUTARUOWfcl  )*X  TOUT 

OUTPAR(1PWFL)»XPIOUT 

OUTTH£dDWcL)*NCVCLE*THEOUT 

15  CONTINUE 

IF(NSAT.NE.O)  PRINT  1 , NS  AT 
PRINT  9c2 
PRINT  9?,1 

PO  9*5  IIPWEL*!  , NOVEL 
OUTt^R.OUT^  (I  I0V;EL)-0UTTHF  dIPW.FL) 

OUTPF  R»OUTn  A R I 1 10 W P L) -PUTTHE  <1 1 0 WEI  ) 

OUT0IF«0UTfrfie-flUTPPR 

nUER$M»OUkf'SH*PUT£PR 

0PER5H*0PE0SN*nUTPFR 

ODIf’Sf«*OPIPSN  + OUTOIF 

OU AVF R *OU£p SP / U&WEL 

OP»V -RsOPECSN/  IIOwEL 

OO  A Vp  R ’00 l P SM / IIDtfFL 

OESQf:'1=OESOS^*OUTtPR**? 

OPFS5M*OP£GSw+PUTPPR**? 

■)DFSGM*ODFGSP+OUTOIF**2 
OUTSIG*(OfccaSP  / I IPWEL) -0UAVEP**2 
OUPSIG=(OP~ S*P  / I!  OWED  -OP  AVER**  l 
OOF$!G*('ODc,:;S-«/I  TDWEL),*0,)AVEP**2 
IF  (OUTwAV,LT  .OUTERS)  OUT  v A X *>HIT  £ 5 R 
If (OUTNIN.CT, OUTER’)  OUTWIN=OUTE°R 
IF (CUPPA X.LT .OUT  PER ) OUPV A X *Ol)T P f k 

Fig.  £.1  (Continued) 


IF<0UPWIN.6T.0UTPEPJ  0UPMIN»OUTPKR 
!F(OOFMAX«LT»OUTPIF)  ODF *A*»OUTD ! F 
! FtOftfMIN.^r .OHTOIP)  OCPWINaflUTDIF 
IF(WftOUlOWEL,‘»0).N'E.O)  60  TO  992 

PRINT  9$4fnDWFl,0tmMFUinwSO.OUTAP(TIO«F,l.>»rtUTERRf 
*oUTS!6»OUTPAR(nO*PL> , OUTPF. R , OUPS X 6 ♦ OU T 0 1 F f 30 A7S R » 00 r S 1 6 
992  CONTINUE 
9*5  CONTTNUE 

PFINT  9ftirfPUAVPR»OPAVER,OOAVFfi,OIIT,'IN»OUP>l.lN  .OOFMIN, 
*«UTW»X  ,OUPMAV , *DFMAX 

AV6SI*SU*INT/Ft.0#TmWFL> 

IF(IPRINTd1)»Ff,  ,0>  60  TO  ?1 
PRINT  22,NnWFL«SUP7NTttVPS! 

?1  CONTJ  i\ti  E 

1r'M  CONTINUE 
STOP 
FNP 


'UPROUTINfc  $ T A RTQ 

CC'-MON/CLTCAT/yN  < 1 ^ 2 4.  > , H ( H 2 r > . N ♦ I T ! .INC*  «U 
CCPMON/FLTPAP/^C  »EL,NOFL» V,NC YCLF , TCC'NST C312>ilEVEtK. 

* I'VFLF  ,imt$  ,LFVFLE,UVtlC.CCN$T(5U)  ♦XCON$T<512), 

* IFVFLT 

CO^NON/PRINT/IPF INT  0 5) 

COMFON/RAOPAR/PI %f'ElT,NPUlSF,FCPF,AS,PS,CS,t'S 
FORMAT (7F1n*A) 

FOPMATtKl’  ) 

FORMAT  (7M"  .0) 

Fff  MT(  1 Hi  , 1 X,  'SC  At  f.  f ACTOR  * * 4 1 1 X , F9  . 2 , / 

* 1X,'iI6PAt -TO-Ct U^TPR  RATIO  • % 5 X , F9 , 2 , ' l,R',/ 

* lX.'CtUTTrfi  OC-TO-AC  POW£R  PA.TI*  * #,F9.-?./ 

* 1X*'SIG*A  OF  r L »JTT  £ P SPtCTRtlf-'  » ' , * X , r •» . 2 . * ri?',/ 

* IX  i#CLUTTcR  PHASE  a #,15X,F0.A,#  <>  A ft  ' > 

FORMAT  (IX,' SAMPLING  Fft*CHJfcA!CX  * ' , 1 )X  , F 9 . 2 . # h?') 
F0RM'T(1X,'0OpPLER  F3e0UpNCY  a ' , 1 1 K , F 9 . ** , ' M2  # > 
FORWATnX.'NIlHPL  1 O F ANTENNA  tfVFI.l*  a ',/.X,J?.,/ 

* 1Xt'Nl'«9E!>  OF  DrL*YS  a ',1?v,1.5,/ 

* , 'N1JM8E " Of  fULSE*  INTE6RATef>  a ' , 1 V , T 5 > 

FO^MATd  v,#FILtER  wo?0  L p N 6 T H 3 * , *»  x ' , 4 X , #.'C  ' X , 

* '"T',4X,'MF',  4X  l'*K',4X,#ys*/,4Tt*  IM 
FO°MAT</23v.'  FRT'S  COEFFICIENT*  '/> 

FQPMATOX.'COEK  . NO.  = ',M,'  AC  T l*  A l_  * ',F>.6,'  OCTAL* 

* ' = '.012.'  dli'AHT!ZpD  = ',F9,A) 

F 0 * v. A T ( /7  2 * X i ' v T T T N ° l*  i ro*P'V.cN  TS' 
*//?OX,'XTa*S.Cf'Sf2.P!.Fn.OT)+Lr>rS.CI(CLt'T)' 

* /?0V  , 'X0**9.S  TM  2 .Pt.pO.OT)  + l,<:-rs.CO<CL"T)  ') 
C0*,'M(//1X.'<  a SCALc  FACT^iX  a',1?X,  F1',.F 


Fig.  E.l  (Continued) 


“‘COPY  AVAILABLE  TO  DUG  DOES  NOT 


*m,' AS  * <IGN*L  AMPLITUDE  . K *'V4X«F12.5 

*/1X,#3S  = T CH«N.  DC  CLUTTER  , K *%2X,F12.5 

♦/iXf'OS  * Q C H i»  N . OC  CLUTTER  . K * ' , ?X  , F i 2 , 5 

*/lX,'CS  * T AN 0 Q AC  CLUTTFR  , K *',2X,F12.5 

*/1  X»  ’’’DT  a 1/pRF  IN  SECONDS  a',Px,Fl2.5 
*/lXf#FD  * INITIAL  DOPPLER  IN  H7  a'f3XfF1?,5) 

C READ  CLUTTER  AND  SIGNAL  PARAMETERS 
N*1 Q?4 

R£AD<5»1 >SCAL, SCRD9,XH?,SIGMAFtCLTFAS 
PRINT  3,SCHtSCR0B*X^2»SIGMAFfCLTFAS 
C READ  RADAR  PARAMETERS 
READ(5,1)S*MPF 
PRINT  4,$A**PF 

C READ  DOPPLER  FREQUENCY 
RE«D<5»1)  FOOP 
PRINT  5 ♦ FDQP 

C READ  FILTER  "4RA«ETEff$ 

READ(5,2)NPWEL,NDELAV,NCVCLE 
PRINT  «,NDVEL,NDELAY,NCYCLI 
READ(5»2S> (CONST U) ,K»1,NOFL*V> 

RE»D(5*2>MX,**C  ♦MT,MFtME,MS 
PRINT  TfMXfMC*MT  * MF  ♦ ME  « M$ 

READ(5,2)(TPRINT(I>f tal.O) 

LEVELX*’**«X 
LEVELC«2*aAC 
LEVELT*2**MT 
LEVEl  F » 2 * * *’  F 
LEVELE«2**me 
LEV£LS»2**MS 
SCR«1  D**(S0«OB  /I  %) 

C A/O  CONVERSION  OF  THE  FILTER  COEFFICIENTS 
t)C*2./FLOAT(LFV£LC> 

00  13  IDEL*Y«1  .NDtLAY 

13  CALL  COEF(CO.NST(TDPLAY),ICONSr<IOELAY)  ,«jr  ,L£V£LC) 
PRINT  ? 

DO  14  ID€L« Y*1  .NOE*  AY 
IS«ICON$Y(TDEL«Y) 

1 F ( I S »G  T «Le  VE  L C / ? ) I S * I $ **L  c VELC 
OCONST«FLO*T(IS)*fiC 

*CONST  UOEL  AY)  a&CONST 

U PPINT  9#IDELAY  »CONST(IOELAY)*ICONST(I0ELaY) , Q CON  ST 
DELT*1 ./SA-PF 
NPULSE*NCYCLE*MDELAY 
PI  = 3. HISSES3 
«I2a2.*PT 

C GENERATE  GAUSSIAN  SAMPLES 
CALL  ANIT(AiA7?.) 

SIGRAN*1  , 

Fig.  E.1  (Continued) 
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CALL  RANO«(XN,N, '.tSIGPAN; 

S!GT*U»1 ./CPI2*SIGwAF) 

C S £ T UP  CONSTANTS  FOR  THE  CLUTTER  WODFL  FILTER  IMPULSE 
C RESPONSE 

SIGSSsSIGT«U/DELT 
ITI*SuRT<PT  /5.)*S16SS 
T I * IT  I 

SIG1*$I6SS/<$Q'ST  (2.)) 

ITMAy*A*ITT 

t\CG«U*1  ? + •>♦<(  "PULSE-1  >/ITl  ) 
r.  GENERATE  FUTF°  IMPULSE  RESPONSE 
00  1?  I«1,TTMAX 
PsT 

H(I)»EXP(-(H-;.*T11**2/(?.*<Siri**')}> 

1?  CONTINUE 

c generate  SCALE  factors 

C CH»NGt  TO  AS*SORT(CCo)*SCAL 

A S » S 0 R T <SC°  ) * $ CAL 

«S*$0RT<X!O/(1.*XM’))*SCAl*C''S<ClTFAS> 
r S»SO  RT ( U f < ! . * < 1 . * X’*2  ) ) ) * SC  A L 
0 S = $ 0 fj  T < X PA  ^ / ( 1 , ♦ x ft  R J‘  )*SCAL*3!N(CLT*AS) 

PRINT  i,n 

PRINT  in?,  SCALt»S,»StoS,C<!*OLLT,FOOP 

RETURN 

CN0 


rtlf’HOUTP'L  !tp0  AT  C 

CovMPN/CLTPAT/XF  < 10  2/*)  ,H(  K?0)  Jfl  , INC  0AI) 

C 0 ,'V«1P  u / R A D P A o / p I ■> , p F.  I.  T , N *’UL  S F , F 0 0 P . A S , n s , c R ♦ r>  s 
CO^MRN/UPDPUt  /~1*  ,PH1SC  , ICLUT  ,C  I.C  51  2>  ,f  u(  51  2) 

0 1 '«F'’S  I ON  v\  T(R(.1 

0 A T A </'!/ 

tclutsO 

f GENERA  TE  N°UL  SF  «A*PLF.S  OF  Ct.UTTcR 
00  11  I«1,NPULFfc 
C I < I ) =o . 

11  fuU)=R. 

C HE'’?  TO  IE  Ic  v0’'r.  THAN  v GAUSRI'N  G'-’,Pi.ro>  NEEDED 

! F < (K*lNCCi'!J>  .LE  GO  TO  15 

f »0 

CALL  RINONCa'',*1,  1.) 

IE  CONTINUE 

0)  10  I * 1 » T N C,  G * U 
1 ’ < : . t ( I ) = n\  ( t ♦ / ) 

K-K’Ai  n c g i u 

Ju  = ik*  cc.  ah/"* 

00  H I = 1 ,»’PIIL  Ft 


Fig.  E.l  (Continued) 


PFRUiflfiu^  TO  ODC  DOES  HOT 
™Wr  flliM  LEBIBLE  nr™* 


00  14  J * 1 » 4 
JIMC*(I-1)/JTI 

J P = J ♦ J I N C 

CI<n*Ci(n+XNT<JP)*H<M) 
CQ(|)*CQ(I)+XNT(JP*J(1)*H(M) 
14  CONTINUE 
RETURN 
END 


SUPR^UTINc  PUL  <EO 

COMMON/ FIT^AP  / Nf»HtL,N0  EL*  V .NCVCLF  i TCONSTf  512)  ,LEV£LX  , 

* LEV^LF,  LEVELS  ,LPV:U,UVEU.CON$T<512>  , XCONS T < 5 1 2 ) , 

* L c VELT 

COPMON/PULTFL/XI (512)f*Q(51?)tJAPCLU 
CO¥MO\/RAD°AP/t’I?*D£LT«NPUL:>lp*FDOP,AS*BS  .CSjOS 
CONMON/UPOPUI/TI«,Ph»SF,!CLUT,CI  (512)  *C<i(512> 

C GENERATE  NO  El  AY  SAMPLES  SIGNAL  PLUS  CLUTTER 
P|=3.1415V>653,» 
nI02»PI/?« 1 
PID2T3*1»5*PI 
OP  11  IO£L*1 ,NOFLAV 
I CLUT  * I CLbT  * 1 
PHASE*  PH  AS*r  + PI?*F0OP*D*LT 
0 AS  * * S 
C A $ * A S 

TFtPHAS  ,br.PI?)  PHASE*PHASE-PI 2 
IF(PPASE,fec.PI  ) f!A«#-AS 

IF (PHASE . LT ,PJ  0 2 .AND .PHASE .IT.PLD2T3)  CAS*-A5 
PPHASESPHACE 

IF(PPHASE  »f E.PT)  PPHASE  = PPHASE-P! 

IF  (OPHASF,f  E.  .PU  ?)  D PH  A S E «P  I -OPH  * S C 
XO(IPEL)*OAS*STti<DPHASP) 

XI (IDEL)*CA  S * C OS (DPHAJ S) 

IF <JADCLU,PG .0)  00  TO  OOP 
Xl<IOEL)*X!<IDT|.)  + nS+CS*Ci(ICLHT) 
XftUOELl'XOdDPD^PS-CS  + COdCLUT) 

OOC  CONTINUE 
d CONTINUE 
RETURN 
ENO 


SUBROUTINE  FILTNQ  (X  , If.R'-.S  ,VAf  OFL  ,NSAT  > 

DIMENSION  v(1) 

COv«nN/FLTf>AR/*  D'-EL  .NOFLi  Y ,NC  YCLE  , I CON  ST  ( 51  2)  .LEVELX  , 

Fig.  E.l  (Continued) 
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* LEVFLF  , LEVELS  .LE V^LE , L£ V£LC , CONS T ( 5 1 2 ) , *CO*S T < 5 1 2) , 

* L F.  V * L T 

COMMON /PS  I NT /l PRINT (15) 

1 FOPHATC/ IX,  'fUTcR  INPUT  FOR  O^L^Y  NO.'.r*,"  * ',F12.5> 

2 fOSMATdX,  'QUANTIZED  INPUT' , 1 OX  # 'OCT  A L * ',012, 

* 5X, 'QUANTIZED  = ',F12.S) 

3 FORWATd  Xt'NULTIPLlE*  OUTPUT  ' f *X  ♦ '"C  TAL  = ',01?, 

* 5X, #aUANT»ZBP  * ' , F 1 2 » 5 > 

4 FOPKATd  X,  'TPUNCATcD  P&0&UC  T ' , £ X , '*C  T At  = ".01?* 

* 5 X , '/*UANT  T Z F D * ',  112.3) 

5 FCRf«ATdXf 'ACCUMULATED  V A LUE  ' , * X , ">C  T A L * ',012, 

* 5X, 'QUANTIZED  * '.FI  2.3) 

6 FOR*ATdX,'IF<P"T  TO  R.v.S  « L 0 0&  I T h *'  , 3 X , ' C C T A L * '»012, 

* 5 X , 'ttU A N?  T Z F D * '.F12.5) 

? F0R^AT(1X,'0dM*)t'4/D  CONVERTER  SATURATION',  1?(lH*)> 

■ FORA"ATdX,10dH*),'()VEPFLOV  l\  A C CU  MR  t T T ON  ' , P <1 H*  ) ) 
flX*2./FLOATUIEVfcLX) 

LFVSU^*LEVrLX*(LFi/ELC/2) 

QT«2./FLOAr(L5VtLT) 

oc  = 2.moAT<uvn.c> 

I A C C * 1 
V A C 0 * L * 0 

no  11  idclay*i  , n n 1 1 A V 

IFUPRINTdJ.NF.^)  PUNT  1 , 1 n tL  A v , y < J o * L * Y ) 

A/0  CONVERSION  OF  SIGNAL  SAMPLE 

CALL  IAO(XCinAIAV)tIX,OXtLFVELX,TSAr) 

I F <XS  AT  ,Nc  . A NO  . 1 PRINT  ( 1 ) ,»,c  , ')  P»INT  7 

IF(IFUNTC’)  ) £j  A TO  p 

IS*d 

IF  (IS  ,f,T  ,L"VrLX/  •J)I$»d-LEVFI.A 

YIX*FLOAT(TS)*GX 

'■>  'I'M  ?»TX»XIX 

12  FONT  I Mi c 

N $ n T * N {•  A T ♦ T S * T 

'•ULTIPUCATIOf;  tv  FIITFK  COEFFICIENT 

T r.|UL  = MUL  ( 1 v , I C ,'f.  R T dn  1 1 A v ) ,|.r  vcL y t tt  Vfc L C 1 
!F(|PRXNT<’).rc.o)  00  TO  P 
I S * I v u L 

! F < IS  ,0T  ,t  rV*a  ■•/  **>  I 5=1  S-I.EVd  " 

YV-  UL*FLOAT(  TS1  + "C  + '.4X 
°R  TNT  ?,IM'L.XTMUL 

13  CONTINUF. 

TRUNCATION  A \o  'MANSION 

I < T s.  I T R E X ( T N 1 1 L • L L V r L " , l E V C I.  T , L c V c L F ) 

I F (IPRIN'TCA  ) .Ed  ' ) 00  TO  1 A 
I S = ! v T 


IF  (IS  .GT  .LcV':LF/*)IS  = lS-LfVeLF 
XI’n=FL0A1  (IS)  *f,  T 


Fig.  E.l  (Continued) 


COPT  mm*  TO  DUG  DOES  NOT 
PERMIT  ! 


PRINT  4,IMt»X|"!T 
H CONTINUE 
C ACCUMULATION 

CALL  ADO (I «CC,  IMT , I ACC ♦ I *C OFl ,L6 VELf > 
IF(IACOFL.Ng,0)PRINT  H 
IFCIPHINTCS) ,SO.?>  60  TO  15 
IS3I ACC 

!F(IS.GT.LeVSlF/?)IS*15-LEV£LF 

XIACC*FLOAT(IS)*QT 

PRINT  5,IAfC,X!ACC 


15  CONTINUE 

11  NACOFL*NAC^FL+ IACOFL 
FIN'D  THE  MAGNTT'IOF 

JN»MS**A6Nf ( I AT C ,IFV5LF> 
IF (IPRINT(A) .50.  ")  RETURN 
XINRMS*FUjAT(INR-S>*QT 
PRINT  *i , IN"MS  , VINRMS 

rf.tu°n 

END 


COPY  WWUIUE  TO  y jgjjg 

PERMIT  F'JliY  UE6IBIE  PR000CT10H 


FUNCTION  JPMSA  (IMJ, 1N0) 

C FIND  IL  ANO  IS,  THE  LARGER  «NP  THF  SMLLfcR  flF  T«t  INPUTS 
IF  (IMUGT.TNQ)  60  TO  1« 

I S * I N I 
ILsINta! 

60  TO  12 
11  t L * I I 
IS’INU 

12  I SOS«  I $ / * 

IS01A*IS0g/2 
TS«016*IS0*  + !S0U 
! L02» I L / p 

TFdS.LT. 11.02)  GO  TO  1* 

C IF  5 > 0,5  L 

ILOL*UO?/t 
IL^04  = IL02*U04 

I502*IS/2 

ISl1T6sIS3ftV*I>S02 
IR^SAs  IS1M'*TL704 
RETURN 

C IF  5 < 0,5  l 

1!  IRMS»  = 1S?01'>*IL 
P£TU°N 
*ND 


SUBROUTINE  COE  f ( v , T X ,Ci , LEVEL) 


Fig.  E.l  (Continued) 
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XN*X/U 

IX*X»! 

Y *; » X f **  I X 

!f  (APS  (XV)  ,GF  , '’,5)  IX«IX*ISK'N<1  t Iv> 

THX.&F.O)  R F T *!PM 
1 X*  I X ♦t  EVF.I 
RETURN 
P N r> 


SUBROUTINE  IAO  fX.lV,Of LEVEL «t&*7> 
IXsX/Ci 

ts*r*a 

ivAy»LtVEL/.‘,-1  I 

’ .PE  no  TO  TT 

‘ TF(X.64.T.>  rETU{W 

IX»IXflEVEL-1 
RETURN 

10  TX*IRI6N<M*X,IX) 

! S a T * 1 

If  <I>  ,LT  ,i.;)  !XsJX*LtMfct 

OS  TUP N 

F\1 


? II Hi 0 U T I N E ADD  <N  1 ,Nt  iW  , IOU  ,LRVF|.> 
v AX  *t.  fe  V < L / ^ 

I Of  L- J 

r FIND  SION  bIT«  op  |N1  a;4!)  V? 

T$w1*Nl/MAX 
I5M2«N^/wav 
f ADO  VI  f N </  N't 
N?«Kl*N2 

C FIND  THC  CARRY  PI  T 
IC«R°Y*0 

IFIN’.LT.,,  VFL)  HO  TO  10 
ICARpy=1 

C IGNORE  THE  1 A o H Y 


’i  JsN’-LEVEl. 

1/  CONTINUE 

C IF  VI  A V D U?  “RE  op  DtFPf.  <?E!,T  SIGNS,  “0  OVERFLOW 
If HSNl ,Vc. ISNO)  RETURN 
C FI  NO  SION  UIT  OP  '? 

IS N*=N’/  "A v 


C CHECK  FOR  0 ; d n f 10  >,• 

T F < I S N 1 . F * . I C A c h Y ) 
I 0 M_  = 1 
o c T u 0 N 

Fig,  E.1  (Continued) 
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FUNCTION  IThrx  HNtlEVlIN,LFVLTP  ,LVLOUT) 
C IN  HAS  WIN  BHS  UEVLIN  = 2**WIN> 

C TRUNCATE  IN  TO  WTP  BITS  (LE'VLTR  * 2**MTP> 
ITRgX*IN/UEVL!N/LEVLTP) 

C EXPAND  TO  MOUT  PITS  (LVLOUT  * ?**MOUT) 
IFtimx  .IT  .LEVLTR/?)  RETURN 
tTPEX*lTPEV+i V LOUT-LEV LTP 
RETURN 
END 


FUNCTION  PUL <N1, m2, LEV  ELI .LEVEL  2 > 
C CONVERT  INPUT*  TO  SIGNED  INTEPP.R 
fAX1«LFVEL* /? 

WAX2*LFVFL ’/? 

N S 1 * N 1 
N 5 ?*w  2 

IF(N1.6T.M'X*)  NS1*Nl-LFVELl 
IF  OP.6T.MX?)  N52*N?-LFVEt  2 
MUL«NS1*NST 

C CONVERT  PRODUCT  TO  TwOjS  COMPLEMENT 
IF(MUL.GEfO)  RETURN 
MUL®WUl*(LeVFL^*MAV2) 

RETURN 

END 


FUNCTION  MGWF  <IN, LEVEL) 

C MAGNITUDE  OF  a TwO;S  C 0VPL  E w tNT  r«U*i>L» 
IF (IN,EU,LeVFL/2)  I\«IN*1 
M A G N F * I N 

IFCMAGNF.LT, LEVEL/?)  RETURN 
WAGNF«LEVEL-MAPNF 
RETURN 
•PND 


SUBROUTINE  RANDU  (IX.IY.RND) 
IY*FLPC$,3T ,!X*feS5T9) 
RND*IX*0,44544l3?-« 

I X a I Y 
R E TUP  N 
END 

Fig.  E.l  (Continued) 
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SUBROUTINE  ANIT<$TART) 
CO*«on|/N'U<U/A'?D  «RMp1  ,P$ 
ARDsSTAkT 

RNDl*START*0.9O(nG1 

RS*47436. 

RETURN 
FND  . ,, 


SUBROUTINE  R A N D(w  (X  * N . X*£  AN  , STD*.  V ) 
fO!»MON/N<U*£/A"(>  .H^'Ol  , «“S 
DIMENSION  V < 1 ) 

no  l i* 1 »n 

ARA:*»RO**J*f>S**2 

K«lftN/inf)Dn009''C* 

ARO*fARK«ft  OATfKJ^IOOC-rOOVOft.J/I^OO. 
1F(AR0)2,1«2 

1 

? »$»RS*1. 

S\O2«ARD*0.r'O9'*r* 

’If  (RHOI.flE.1.0)  PRINT  5.RNP1 
$ F0RMAT(1X,#R1 0 , T 3 0 . 1 5 / > 

1EV0T  »S6  RT  t . *AL  00  ( I’M)  1 ) ) *CO$  ( t . 2*Z  If  S *9*1*2  ) 

* anm«rno2 

VNMSTOcV***  VO* 

3 V C!>»XNR*X»*MN 
rtTUPN 
*Nf> 


COPY  AVAILABLE  TO  DOC  DOES  NOT 
fF"*"7  FULLY  Half  PBODUCTIOH 


Fig.  E.1  (Continued) 
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^APPENDIX  F 

COMPUTER  PROGRAM  FOR  SIMULATION  OF  THE  FLOATING-POINT  PROCESSOR 
by  Brian  P.  Holt  and  Bhadrayu  0.  Trivedl 

This  appendix  contains  the  FORTRAN  computer  program  to  simulate  the 
floating-point  processor.  In  the  following  discussion  the  Input  cards 
are  described  In  Hie  sequence  actually  used  by  the  program. 


Card-1  - NRUM 

Explanation  — Number  of  simulation  runs  to  be  made. 
Format  — 12 


Card-2  - SCAL,  SCRDB,  XM2,  SIGMAF,  CLTFAS 

Explanation  — SCAL  Is  a scale  factor  for  normalizing  signal  plus  clutter. 
In  order  to  use  all  the  dynamic  range  of  the  A/D  converter.  SCRDB 
Is  the  slgnal-to-clutter  power  ratio  In  dB.  SCRDB  Is  0.0  If  no 
clutter  Is  to  be  used.  XM2  Is  the  ratio  of  dc  to  ac  clutter  power. 
SIGMAF  Is  the  standard  deviation  frequency  In  Hz  of  the  clutter  power 
spectrum.  CLTFAS  Is  the  phase  of  the  clutter. 

Format  — 5F10.4 

Card-3  - SAMPF 

Explanation  — SAMPF  Is  the  sampling  or  pulse  repetition  frequency  In  Hz. 

Format  — F10.4 

Card-4  - FDQP 

Explanation  — Doppler  Frequency  In  Hz. 

Format  — F10.4 

Card-5  - NDWEL,  NOE LAY , N CYCLE 

Explanation  — NDWEL  Is  the  number  of  antenna  dwells.  NDELAY  Is  the 
number  of  filter  coefficients.  NCYCLE  Is  the  number  of  residues. 

Format  — 313 

Card-6  - (CONST(k),  K»1,  NDELAY) 

Explanation  — CONST(K)  is  the  Kth  digital  filter  coefficient.  Note 
that  a maximum  of  seven  coefficients  can  be  specified  on  a card. 

For  more  coefficients,  extra  cards  should  be  used. 

Format  — 7F10.6 

Card-7  - MXM,  MCM,  M7M,  MFM,  MFT,  MRM,  MRT,  MIM 

Explanation  — These  are  the  processor  mantissa  bit-lengths  as  described 
in  Table  5-1,  Table  6-1  and  Section  6.1.2. 

Format  — 813 
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Card-8  - MCE,  MTE,  MFE,  MRE,  HIE 

Explanation  — These  are  the  processor  exponent  bit-lengths  as  described 
in  Table  5-1*  Table  6-1  and  Section  6.1.2.  , 

Format  — 513 

Card-9  - IDIV,  JADCLU,  KMOD,  JPRHT1 , JPRNT2,  KTHEOR 
Explanation  — IDIV  Indicates  an  option  fOr  Implementing  the  hardware 
RMS  algorithm. 

IDIV  » 0 Manipulate  L and  S by  adjusting  exponents  as  far  as 
possible. 


• 1 Manipulate  L and  $ by  adjusting  mantissas  only. 


JADCLU  controls  addition  of  clutter  to  signal. 

JADCLU  « 0 No  clutter. 

■ 1 Add  clutter. 

KMOD,  Integrator  output  statistics  are  printed  out  at 
multiples  of  KMOD  antenna  dwells. 

JPRNT1  is  the  antenni  dwell  number  at  which  a 
detailed  debugged  printout  Is  to  start. 

JPRNT2  Is  the  antenna  dwell  number  at  which  the 
detailed  debugged  printout  Is  to  stop. 

KTHEOR  controls  the  type  of  filter  coefficients  to  be 
used  for  computing  theoretical  output. 

KTHEOR  ■ 0 Unquantized  coefficients. 

* 1 Quantized  coefficients. 


FORMAT  - 615 
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C it***************************************************** 

C MAIN  PROGRAM 

C FLOATING  POINT  SIMULATION  OF  MTJ  RADAR  SIGNAL  PROCESSOR 

C JANUARV-JUNE  1076  U.  OF  A.  TUSCALOOSA 

C ******  **********  *********  .A**************************** 

C MAGNITUDE  IS  EXPRESSES  IN  INTEGERIZED  TWO'S  COMPLEMENT 

C NOTATION.  EXPONENT  IS  EXPRESSED  I*  IWTEGfRIZIO  SIGN 

C MAGNITUDE  NOTATION. 

C ************** ******************************** ******** 

INTEGER  EMINX.EMINR 

DIMENSION  OUTAR < 1 000), OUTPARC 1000), OUTTHE (1000) 
DIMENSION  XN(2000),H(2000) 

COMMON/SATUR/NSAT 

COMMON/S ACOUT/XI <51 2) ,XQ (512) , JADCLU 
C0MM0N/CLT6EN /PHASE ,!CLUT,CI(512),C«f($12) 

COMMON/S AC6EN/PI2, DELT.FDOP,  AS ,8S,CS,DS 
C0MM0N/N0I5E/ARD,RND1,RS 

C0MM0N/FILTER/ICFL<512),ICEFLC512),NDELAV,MTM,MXM, 
*MCM,MFM, MCE, MFE,MTI, CONST <S12),XICFL(512) 
COMMON/RMSHAL/MRM,LEVELR,EMINR,IDXV,MRE 
COMMON/PRINT/JPRINT 
READ  < 5 , 1 ) NRUN 
1 FORMAT  (12) 

D02  1RUN*1,NRUN 

C INITIALIZE  A/D  SATURATION  COUNTER 

NSAT*0 

C ****************************************************** 

C READ  CLUTTER  AND  SIGNAL  PARAMETERS 

C SC AL*SC ALE  FACTOR  FOR  SIGNAL  AMPLITUDE 

C SCRDB*SI6NAL  TO  CLUTTER  RATIO  IN  DO 

C NOTE:  SCRDM»0,  IF  CLUTTER  IS  NOT  USED 

C XM2*RATI0  OF  DC  TO  AC  CLUTTER  POWER 

C $IGMAF»$TANDARD  DEV,  OF  CLUTTER  FREQ,  IN  HZ, 

C CLTFAS*CLUTTFR  PHASE 

c **************.*************************************** 

READ  (5,3)  SCAL,SCRDB,XM2,SI6MAF,CLTFAS 
PRINT  4,  SCAL,$CRDB,XM2,$IGMAF,CLTFAS 

3 FORMAT  (7FA0.4) 

4 FORMATdHl, 'SCALE  FACTOR  * ',16*  ,F  10.4,/ 

* 1X,'SIGNAL-T0-CLUTTER  RATIO  * ',5X,F10.4,'  DB%/ 

* IX, 'CLUTTER  DC-TO-AC  POWER  RATIO  * '»F10.4,/ 

* IX, 'SIGMA  OF  CLUTTER  SPECTRUM  « ',3X,F10.4,'  HZ',/ 

* IX, 'CLUTTER  PHASE  ■ ', 1 SX , F 10.4 , ' RAD') 

C ****************************************************** 

C READ  RADAR  PARAMETERS 

C SAMPF*$AMPLING  (PULSE  REP.)  FREQ. 

C FDOP*OOPPLpR  F'JEQ. 

C **************,******♦********************************* 
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READ  <5,3*  SAMPF 
READ  (5,3)  FDOP 
PRINT  5,  SAMPF 

5 F0RN*T<  IX, 'SAMPLING  FREQUENCY  * ',9X ,F9.?,3X,  'HZ') 

PRINT  6,  FOOP 

6 FORMAT < IX, 'DOPPLER  FREQUENCY  * #,10X  ,F9.?,3X,'H2'> 

C ****************************************************** 

C READ  FILTER  PARAMETERS 

C NDWEl-NO*  Of  ANTENNA  DWELLS 

C NDELA Y*N0.  OF  FILTER  COEFFICIENTS 

C NC YClE*NO.  Of  RESIDUES 

C CONST <K)*K-TH  filter  COEF, 

c *********** *************************************** • *** 

READ  (5,7)  NOWEL.NDELAY.NCYCLE 

7 FORMAT  ( 101 3) 

READ  (5,8)  (CONST(X),X»1,N DELAY) 

8 FORMAT  (7F10.6) 

PRINT  9,NDWEL,NDELAY,NCVCLE 

9 FORMAT! IX, 'NUMBER  OF  ANTENNA  DWELLS  • ',*X,I5,/ 

* IX, 'NUMBER  OF  DELAYS  ■ ',12X,I5,/ 

* IX, 'NUMBER  OF  PULSES  INTEGRATED  » ',1X,I57/) 

C ****************************************************** 

C READ  WORD  LENGTHS  IN  BITS 

C MXM-INPUT  SIGNAL  MANTISSA  WITH  SI6N 

C MCM-F1LTER  COEF.  MANTISSA  WITH  SI6N 

C MCE*FILTER  COEF.  EXPONENT  WITHOUT  SISN,  .GE.O 

C MTM.TRUNCATED  PRODUCT  MANTISSA  WITH  SISN , *LE .MXM*MCM»1 

C MTE»TRUNCATEO  PRODUCT  EXPONENT  WITHOUT  SIGN, 

C 2**HTE.GE.<<7**MCE)*MXM*MCH«2) 

C MFM«F ILTER  ACCUMULATOR  MANTISSA  WITH  SI6N,  .GE.MTM 

C MFE*F ILTER  ACCUMULATOR  EXPONENT  WITH  SI6N,  .6T.MTE 

C MFT«MA6.  OF  TRUNCATED  FILTER  OUTPUT  MANTISSA 

C WITHOUT  SI6N , .LT.MFM 

c MRM*RMS  MANTISSA  WITHOUT  SIGN,  .GE.MFT 

C MREvRNS  EXPONENT  WITH  SIAN,  .6E.MFE 

C MRT»TRUNCATED  RMS  OUTPUT  MANTISSA  WITHOUT 

C SI6N,  .LE.«RM 

C MIM*INTE6RAT0R  MANTISSA  WITHOUT  SI6N,  .GE.MRT 

C MIE»!NTE6RAT0R  EXPONENT  WITH  SI6N,  .GE.MRE 

C ****************************************************** 

READ  (5,7)  MXM,MCM,MTM,MFM,MFT,MRM,MRT,MIM 
READ  (5,7)  MCE,MTE,MFE,MRE,MIE 
PRINT  10,  MXMfHCM,MTM#MFMtMFTtPRMfHRT,MIM 

10  FORMAT  (IX, 'PROCESSOR  MANTISSA  BIT  LEN6THS ' , 4X  , 'MXM' , 

* 3X,'MCM',3X,'PTM',3X,'MFM',3X,'MFT',3X,'MRM',3X, 

* 'PRT',3X,'MIM'/31X ,914) 

PRINT  11,  MCE,PTE,MFE,MRE,MIE 

11  FORMAT  (IX, 'PROCESSOR  EXPONENf  BIT  LENGTHS ' ,10X , 'MCE ', 
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*SX,<'WTE'f3*,'«FE#l9*,'«*C,,,,9>r##«IE'/57**3l6**X^16,6Xtl6) 
t A***************************************************** 

C READ  OPTIONS 

S C ID IV*OPTION  USED  BY  SUBROUTINE  RMJHAL 

f C J A DCLU*1  IMBUES  SIMULATION  WITH  CtOTTER 

\ C *0  IMPLIES  SIMULATION  WITHOUT  CLUTTER 

' C JPRINT  « A PRINT  OPTION,  CAN  BE  USED  FOR  DEBUGGING 

C IF  JPRINT  * 1 THEN  N6WEL  * 4 SO  THAT  THE  SIZE  OF 
C THE  PRINTOUT  IS  LESS  THAN  IDO  BASES 

C KTHE0R«0  IMPLIES  THEOR.  USING  IDEAL  COEF. 

C *1  IMPLIES  QUANTIZED  COEF.  USED 

C ****************************************************** 

READ  (5*12)  IDIV,JADCLU,KM0D»JPRNT1,JPRNT2,KTHE0R 
12  FORMAT  (6IS) 

IF  (JADCLU.NE.1)  PRINT  17yI0!V 
IF  (JADCLU.EQ.1)  PRINT  18«I0IV 
1?  F0PMAT</,1X,10(1M*),'THIS  SIMULATION  DOES  NOT  ', 

•'CONTAIN  CLUTTER',  lOdHO, 'ID  IV«',  12/ > 

18  FORMAT!/,  IX,  10<1HO,  'THIS  SIMULATION  CONTAINS  CLUTTER  '* 

* 1 0 (1 H*  ) ,'I0IV*'»I2/) 

IF(XTHEOR.EQ.O)  PRINT  2051 
IF(XTHEOR.FQ.I)  PRINT  2052 

2051  FORMAT(1X,10(1H*), 'THEORETICAL  OUTPUT  WITH  ', 

* 'IDEAL  COEFFICIENTS'/) 

2052  FOBMAT<1X,10(1H*>, 'THEORETICAL  OUTPUT  WITH 

* 'QUANTIZED  COEFFICIENTS'/) 

C ****************************************************** 

C MODEL  CLUTTER  FILTER  AND  6ENERATI  CLUTTER  SAMPLES 

$CR*10.**<SCRDB/10.) 

0ELT«1./SAMPF 
PI»3* 1415926538 
PI2«2.*PI 

NPULSE*NCYCLE*NDELAY 
SI6TAL’*1,/(PI2*SIGMAF) 

IF  (JADCLU.NE.1)  GO  TO  16 

c ******  A*********************************************** 

C SET  UP  CONSTANTS  FOR  THE  CLUTTER  MODEL  FILTER 

C IMPULSE  RESPONSE 

SIGSS»5I6TAU/0FLT 
ITIs$QRT(PI/2.)*$IGSS 
TI*ITI 

SI61«SIGSS/(SQRT(2.)) 

ITMAX«6*1TT 

INCGAU»12*’*((NPULSE-1)/ITI) 

C ****************************************************** 

C GENERATE  FTLTE®  IMPULSE  RESPONSE 

00112  1*1,1 TM AX 
B*  I 
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H<l)*EXp(-<8-3.*TI)**2/<2,*<$IG1**?>>> 

112  CONTINUE 

C ****************************************************** 

C GENERATE  SCALE  FACTORS 

C CHANGE  TO  AS*SQRT($CR)*SCAL 

AS*$«RT(SC»)*$CAl 

BS*S0RT(XH?/(1.4XN2))*SCAL*C0S(CLTFAS) 

CS*S0RT<1.A(2.*<1.4X«2)))*SCAL 

DS*$0RT(XM?/<1.4XM2>)*SCAL*SIN(CLTFA$) 

PRINT  101 

PRINT  102,  SCAl,AS,BS,DS,CS,DELT,FDOP 

101  F0RMAT(//2?X,'MTI  INPUT  COMPONENTS' 
*//20X,'XI*AS*COS(24PI*FD*DT>4BS*CS*CI<CLUT>' 

* /20X,'XQ*«S*SIN(2*PI*F040T>*DS-CS*CB(CLUT)#> 

102  F0RMAT(//1X,'K  « SCALE  FACTOR  • 12X , F 1 2.5 

*/lX,'AS  • SI6NAL  AMPLITUDE  * K «',4X,F12.5 

*m,'BS  • I CHAN.  DC  CLUTTER  * K *',2X,F12.5 

*/1X,'D$  * Q CHAN.  DC  CLUTTER  * K »',2X,F12.5 

W1x,'CS  * ! AND  0 AC  CLUTTER  * K »',2X,F12.5 

WIX.'DT  « 1/PRF  IN  SECONDS  «',8X,F12.5 
*/lX,'FD  * INITIAL  DOPPLER  IN  Hi  3X , F 1 ? .5/ ) 

C *****  ************  *********************** **********4*** 
60  T r 20 
16  AS»$CAL 
20  CONTINUE 

C *****  ******  ***********  ****************************** *• 

C RUANTIZE  THE  FILTER  COEFFICIENTS  AND  REPRESENT  THE 
C MANTISSA  IN  INTEGERIZEO  FORM  (TWOS  COMP.) 

PRINT  15 

15  FORMAT  (11X, 'FILTER  COE F F IC IENTS '/ /I X , 'NUMBER ' , 

* AX.'UNQUANTIZFO'.TX.'OMANTI ZED ',1 lx, 'ERROR ',3Xt 

* 'MANTISSA', ?X, 'EXPONENT') 

DO  13  IDEL*>  Y«1  .NDELAY 

CALL  FLCOEF  (CONST<IDELAY),MCM,MCE,ICFL(IDELAY), 

* ICEFL(IDELAY)) 

C CONVERT  TO  SI6N  MAG. 

IF  <!CFL<IPELAY).GT.2.**<MCM-1>) 

'■  ICQFL«ICFL(IDELAY)-2.**MCm 
iF  <ICFL(IPELAY).LE.2.**(MCM-D)  ICQFLMCFL  (IDELAY  ) 
XICFL(IDELAY)«FL0ATCIC0FL>*C?.**(1-MCM>) 

* *<2.**(ICEFL<IDELAY))> 

COE FER*XICFL( IDELAY J-CONST (IDELAY) 

PRINT  14,  IDELAY, C ONST <1  DEL A Y > , X I C FL < I D E L A Y > , COE F E R , 

* ICFLtlDELA Y) , ICEFL (IDELAY) 

14  FORMAT  <?* ,l3,6X,Fl0.6,6XtFlO,6,6X,Fl0.6f 

* 6X, 010,11*') 

13.  CONTINUE 
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C CALCULATE  the  INF  IN  IT£*  PREC  IS  ION  (THEORETICAL^  OUTPUT 
N6UMP*(NDELAY*V/2  * 

NDUM*(NDEL»Y-1>/2 
IF(KTHEOR.EQ.O)  GO  TO  2053 
HOFF*XICFl(NPU*»P) 

00  19  IDUM*1 , NDUM 

19  HOFF*HOFF*?.*XICFL(NOUMP-IDUH>*CO$(P12*FOOP*IDUM* 
*DELT) 

GO  TO  2054 

2053  HOFF*CONST(NOUPP) 

00  2055  JOUM*1,NOUM 

2055  MOFF»HOFF**.*CONST<NOUNP»JOU*>*COSCPI2*F90P*JDUM* 

* OELT) 

2054  THEOUT*AS*HOFF 

C ****************************************************** 

C INITIALIZE  ERROR  SUMS  ANO  OTHER  PARAMETERS 

UUERSMvQ  • 

0PERSM»0 • 

OE  SQSM«Q • 

0PESSM*0. 

00FSSM*0. 

OOIFSM*0. 

0UTMAX*-10O0, 

OUTMlN«1f)Of'. 

OUPMA  X*-1 OrtO » 

OUPMI N*1 OOO . 

00  FM A X*-1 OnO • 

00  FHI N* 1 0Qfi • 

C ****************************************************** 

C INITIAL  VALUE  FOR  RANOU  WHICH  6IVES  UNIFORMLY 

C DISTRIBUTER  RANDOM  SAMPLES  BETWEEN  0.  ANO  1*  THEY 

C ARE  SCALED  TO  RANDOM  PHASE  VALUES  BETWEEN  0*  ANO  2PI  • 

IX*1 234567 

EMINX«-(2.**(MI£-1)-1) 

00  21  IDWEL*1 .NOWEL 

IF  M0WEL.GE.JPRNT1  .AND.IDWIL.LE.JPRNT2)  JPRINT-1 
IF  < I0WEL.LT.JPRNT1 .OR ,1 OWEL *GT. JPRNT2 ) JPRINT*0 
IF  ( JPRINT.EQ.1 > PRINT  2001*  IDWEL 
2001  FORMAT  (/1X»10(lH*)*‘'0WELL  NUMB£R#tI5/> 

CALL  RANDU  (IX,IY,RND> 

PHASE«(PI2)*RND 

C ***'*+************************************************ 

IMHOUT  *0 
IMPOUT  a0 
I THOUT  *£M IN  X 
I E POUT  s EM  JN  X 
ERRSUM=0. 

ESQSUM*0. 
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ERRMIN*100ft. 

ERRMAX*«1030. 

PER$UM*0. 

PESGSMO. 

PERMIN*1003. 

PERMAX*-1030. 

DXF$UM*0. 

DIF$OS*0. 

DIFNIN*100n. 

DIFMAX*-1000. 

IF  UADCLU.ED.O)  60  TO  IIS 
IF  CIDWEL.NE.4)  GO  TO  113 
C 6ENERATE  GAUSSIAN  SAMPLES 

N*INC  6AU 
ARD*63472.3 
RNDl«ARD*0. 000301 
R$*47436 .0 

sigran*i.o 

113  CALL  RANDM  <XN,N,0.0,SIGRAN) 

C GENERATE  NPULSF  SAMPLES  Of  CLUTTER 

DO  1111PULSE*1*NPUISE 
CK1PUL$E)*0. 

Ill  CQ(IPULSE>»0. 

JQ*INC6AU/? 

DO  114  IPUL*1 »NPULSE 
DO  114  J*1  *6 
J INC*  < IPUL"1 ) / ITI 
IM*IPUL-JINCMTI 
N«<6-J)*ITI*IN 
JP*J*JINC 

CI<IPUl)*CI<IPUL>*XN(JP)*H<M) 

CG<IPUL)*C0<1PUL>*XN<JP+JQ>*H<W> 

114  CONTINUE 

115  CONTINUE 
ICLUT*0 

DO  22  ICYCLE*1 tNCYCLE 
I DUNE  X*0 

If  (JPRINT.EO.I)  PRINT  2002,  ICYCLE 

2002  FORNAT  (/3X, 'CYCLE', 14) 

C 6ENERATE  NDELAY  SAMPLES  Of  SIGNAL  ♦ CLUTTER  FOR  EACH 
C OF  I AND  Q CHANNELS.  THEY  ARE  XI  AND  XQo 

CALL  SACGEN 

C CALCULATE  FILTER  OUTPUT  FOR  I CHANNEL 
IF  (JPRINT.EC.I)  PRINT  2003 

2003  FORMAT  <3X,'I  CHANNEL*) 

CALL  FLOFLT  ( X I , JMFLTI  , J E FLTI ) 

C CALCULATE  FILTER  OUTPUT  FOR  Q CHANNEL 
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If  (JPRINT.EQ.1)  PRINT  2004 
2004  FORMAT  <3X,'Q  CHANNEL') 

CALL  fLOFLT  (XO , JMFLTQ , J Ef LTQ > 

C COMPUTE  RMS  OUTPUT  USING  HARDWARE  ALGORITHM  AND  CONVERT 

C TO  REAL  DECIMAL  VALUE. 

LEVELf *2.**MFM 
LEVLFT*2.**(MFT+1) 

JMFLTI*ITRPX<JMFLTI .LEVELF.LEVLFT tLEVELR) 

CALL  JUSTFY  (JMFLTI.I DUMEX* MRM.EMXNR) 
JMFLTQ*ITREX(JMFLTQ»LEVELf tLEVLfT,LIVILR) 

CALL  JUSTFY  (JMFLTQ  .IPUMEX.MRM.IMINX) 

CALL  RMSHAL  ( J*FL TI  .JMFLTR ,JE FLTI  ,JE FLTQ ,JRNS .JERMS) 
HRMS*FLOAT(JRM$)*(2.**(-MRM))*(2,**JERM$) 

C CALCULATE  PERFECT  RMS  OUTPUT  (SORT (1**2 +0**2)) 

C CONVERT  FILTER  OUTPUTS  TO  REAL  DECIMAL  NUMBERS 

PFLTI*FLOAT(JMFLTI)*(2.**(-MRM))*(2.**JEFLTI) 
PFLT0*FL0AT<JMFLTQ)*(2.**(-MRM))*(2,**JEFLTQ) 
PRMS«SQRT(PFLT1**2*PFLTQ**2> 

C CONVERT  PERFECT  RMS  OUTPUT  TO  FLOATING  POINT  NOTATION 
If  (PRMS.LT.1.0)  60  TO  89 
I EPRM$*0 
R1*PRMS 

88  R1*R1 /2» 

IEPRMS*IEPRMS*1 

IF  (R1.6E.1.0)  60  TO  88 
IMPRMS*R1*(2.**MRM> 

60  TO  90 

89  MRM1«MRM+1 
MRE1*MRE-1 

CALL  FLCOEF  (PPMS,MRM1,MRE1,IMPRMS.IEPRMS) 

90  CONTINUE 

C ******«***«**********************t******************** 

C CALCULATE  PERFECT  RMS  STATISTICS 

C PEROUT»PERFECT  RMS  OUTPUT-THEORETICAL  OUTPUT 

C PER$UM*SUM  OF  PIROUT 

C PAVERR*AVERA6E  OF  PEROUT  OVER  RESIDUES  CALCULATED 

C PE$G$M«$UM  OF  PIROUT  SQUARED 

C PAVSQV*AVEP AGE  OF  SQUARES  OF  PEROUT 

C PAVMS V*ROOT  MEAN  SQUARF  Or  PFROUT 

C PSJ6FR 'VARIANCE  OF  PEROUT 

PEROUT 'PRMS-THF OUT 
PERSUM'PERSUM*PEROUT 
PAVERR'PERSUM/ICYCLE 
PF.SQSM=PES0SM4PER0UT**2 
PAVSQV'PESOSM/ICYCLE 
PAVMSV'SQRT (PAVSQV) 

PSI6ER»PAVSQV-PAVERR**2 
IF (PERMAX.LT .PEROUT)  PERMAX*PEROUT 
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IF(PERMIN.GT.PEROUT)  PERM1N»PER0UT 
C CALCULATE  HARDWARE  RMS  STATISTICS 

ER ROUT *HARD WARE  RMS  OUTPUT-THEORETICAL  OUTPUT 
ERRSUM*$UM  OF  ERROUT 

AVGERR*AVE»AGE  OF  ERROUT  OVER  RESIDUES  CALCULATED 
£SQSUM*SUM  OF  ERROUT  SQUARED 
AVGSQV*A/ERA6E  OF  SQUARES  OF  ERROUT 
AVGMSV*ROOT  MEAN  SQUARE  OF  ERROUT 
$I6ERR*VARIANCE  OF  ERROUT 
ERROUT«HRMS-THEOUT 
IRRSUM*cRR$UM*ERROUT 
AV6ERR*ERRSUM/1CVCLE 
ESQSUM»ESQSUM* ERROUT** 2 
AVGSQV*ESQSUM/I CYCLE 
AVGMSV*$QRT(AVGSQV) 

$IGERR*AV6SQV-AV6ERR**2 
IF  (ERRMAX.LT. ERROUT)  ERRMAX*E  RROUT 
IF  (ERRMIN.GT. ERROUT)  ERRMIN*ERROUT 
C CALCULATE  THE  DIFFERENCES  BETWEEN  HARDWARE  AND  PERFECT 
C RMS  statistics 

ERRDIF*ERROUT-PEROUT 

D1FSUM«DIFSUM*FRRD1F 

avgdif-difsum/icycle 

difsqs*difsqs+errdif**2 

DIFASV»DIFSQS/ICYCLE 

DIFMSV»SQRT(D1FASV) 

VARDIF«DIFASV-AV6DIF**2 
IFCDIFMAX.lt. ERRDIF)  DIFMAX«ERRDIF 
IF(DIFMIN.GT.ERRDIF)  D IFMIN*ERRDIF 

c *****************  *********************  **************** 

C INTEGRATION 

C PERFECT  RMS  OUTPUT  INTEGRATION 

LEVLRT*2.**<mrT*1) 

LEVELI*2.*«(MIM*1) 

IMPRMS«ITRFX<IMPRMS,LCVELR,LEVLRT,LEVELI) 

IF  (JPRINT.EQ.1)  PRINT  2005 ,PRM$ , IMPRMS , I EPRMS 

2005  F0RMAT(/3X,'1NTEGRATI0N'/6X, 'PERFECT  RMS', 

* 9X,F13.10,4X,010,3X,I3) 

IF  (JPRINT.EQ.1 ) PRINT  2007,  IMPRMS , IEPRM$ 

2007  FORMAT  ( 1 0X , 'TRUNC A TE D OR  EXPANDED', 

* 12X,010,3X,I3) 

CALL  JUST  FX  (IMPRMS, IEPRMS,MIM,EMINX) 

IF  (JPRINT.EQ.1)  PRINT  2008,  IMPRMS , I DUMEX 

2008  FORMAT  (10X, 'JUSTIFIED  VALUE', 18X, 010, 3X.I3) 
IF(JPRINT.FQ.I)  PRINT  2006,  IMPOUT , IEPOUT 

2006  FORMATdOX, 'PREVIOUS  INTEGRATOR  SUM', 

* 10X,01C,3X,I3) 

CALL  ALIGN  ( I MP0U1  , 1 MPRMS , I EPOUT , I EPRMS ,* IM ) 
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2010 


2011 


2012 


IF  (JPRINT.EO.D  PRINT  2009,  IMPRMS , IEPRMS * IMPOUT , 

* IEPOUT 

FORMAT  (10*,  "ALIGNED  V ALUES ',4X , 'RMS  OUTPUT", 

* 5X, 01 0,3X, I 3/28X, 'INTEGRATOR ',5X, 010, 3X,I3) 

CALL  ADO (I"POUT, IMPRMS, IMPOUT,  I FLA6, LEVEL!) 

IF  (JPRINT.EO.D  PR INT  2010,  IMPOUT, IEPOUT 
FORMAT  <10X,'SUM', jOX,010,3X,I3) 

CHECK  FOR  OVERFLOW 
IF  (IFLAG.NE.1)  GO  TO  23 
IMPOUT* IMPOUT /2 
IEP0UT*IEPftUT4l 
GO  TO  24 

CALL  JUSTFY  < IMPOUT , I EPOUT »M IM,EMINX) 

CONTINUE 

IF  (JPRINT.EO.D  PRINT  2011,  IMPOUT, IEPOUT 
FORMAT  (10*, 'JUSTIFIED  V ALUE ' , 1 8X ,01 0 ,3X ,13 ) 
HARDWARE  RMS  OUTPUT  INTEGRATION 
IF(JPRINT.FQ.I)  PRINT  2012,  HRMS , J RMS , J ERMS 
FORMAT  (6X , 'HARDWARE  A*$ ' , 8X , F 1 3 . 1 0, 4X , 01 0, 3* , 1 3) 
JRMS*ITREX(JRMS,LEVELR,LEVLRT,LEVELI> 

IF  (JPRINT.EO.D  PRINT  200?,  JRMS,J|RM$ 

CALL  JUSTFY  <JRMS,1DUMEX,MXM,EMXNX) 

IF  (JPRINT.EQ.1)  PRINT  2008,  JRMS, JEANS 


IF  (JPRINT.EQ.1)  PRINT  2008,  JRMS.JERMS 
IF  (JPRINT.EO.D  PRINT  2006  , IMHOUT  , I EHOUT 
CALL  ALIGN  ( IMHOUT  , JRMS  ,IEHOUT ,JERMS »MIM) 

IF  (JPRINT.EO.D  PRINT  2009,  JRMS  , JERMS  , IMHOUT , 

* IEMOUT 

CALL  ADD  (IMHOUT, JRMS, IMHOUT, IFLAG, LEVEL!) 

IF  (JPRINT.EO.D  PRINT  2010,  IMHOUT , I EHOUT 

IF  (I  FLA6.NE .1)  GO  TO  25 

IMH0UT*IMHOUT/2 

IEH0UT*IEHOUT*1 

GO  TO  26 

25  CALL  JUSTFY(IMHOUT,IEHOUT,MIM,EM!NX) 

26  CONTINUE 

IF  (JPRINT.EO.D  PRINT  2011,  IMHOUT,  IEHOUT 
22  CONTINUE 

C **«*********. I**************************************** 

C FORM  ARRAYS  OF  HARDWARE,  PERFECT,  AND  THEORETICAL 

C INTEGRATOR  OUTPUTS  AS  FUNCTIONS  OF  DWELL  NUMBERS. 

POUT*FLO AT (IMPOUT )*( 2.** (-MIM ))*(?.** IEPOUT) 
OUTPAR(IO«FL)*POUT  # 

H0UT*FL0AT(IMK0UT)*(2.** (-MIM) )*( 2.** IEHOUT) 

OUTAR (IDWEL)-HOUT 
OUTTHE(IDWPL)*NCYCLE*THEOUT 

IF  (JPRINT.EO.D  PRINT  8 88 , OUTTHE ( IDWEL > , OUTP AR ( I DWEL ) . 

* OUTAR(IOHFL) 

888  FORMAT  ( 1QX , 'THEORETI C AL ',5X , F 1 3 . 1 0/ 1 0X , 
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* 'PER FECT',9X,F  13.1 0/1  OX  .'HARDWAR£%8X, Fl 3.10) 

21  CONTINUE 

C PRINT  A/ft  SATURATION  STATISTICS 

PRINT  887,  NSAT 

887  FORMAT  <//lX,10<lHO,'THE  A/ft  CONVERTER  S ATURATED',  15 , ' 

* ,10(1H*>/> 

C ************•*♦•*♦♦*♦•♦♦♦♦  ****************************** 

C CALCULATE  INTEGRATOR  OUTPUT  STATISTICS 

P..INT  27 

27  F0RMAT(1H1,T46,'— — INTEGRATOR  OUTPUT  STATISTICS', 

* ' ',//) 

PRINT  28 

28  F0RMAT(T6, 'INFINITE', T28, 'ACTUAL  RMS  HARDWARE'»T66, 
♦‘PERFECT  R*$  REALIZ ATION',T107,'RMS  DIFFERENCE', /»T6, 

♦ 'PRECIS  ION', /,T2,'NUM  ANSWER',T22 , 'OUTPUT ',T35 , 'ERROUT' 
♦T46, 'V AR I ANC £', T61, 'OUTPUT', T?*, 'ERROUT', T85, 'VARIANCE' 
♦T99,'£RRDIF',T111,'AVGDIF'fT123,'VARDIF',/,T2,'— -', 
♦Tft,12<lN*),Tl9,38<lH*),T58,38<lH*>tT97,33<1H*)> 

C OUTTNE-THEORET1CAL  OUTPUT  FOR  EACH  DWELL 

C OUTAR*HAROWARE  RMS  OUTPUT  FOR  EACH  DWELL 

C OUTERR*ERROR  IN  HARDWARE  RMS  OUTPUT  FOR  EACH  DWELL 

C 0UT$I6*VAR1ANCE  OF  HARDWARE  RMS  ERROR 

C OUTPAR*PERF£CT  RMS  OUTPUT  FOR  EACH  DWELL 

C OUTPFR*ERROR  IN  PERFECT  RMS  OUTPUT 

C 0UPSt6»VARTANCE  OF  PERFECT  RMS  ERROR 

C OUTDIF*HARDWARE  RMS  ERROR-PERFECT  RMS  ERROR 

C ODAVFR*AVE»AGE  OUTDIF 

C ODFSIG»VAR!ANCE  OF  OUTDIF 

DO  985  IIDWEL«1 ,N0W|L 
OUTERR*OUTARUIDWEL)-OUTTHEUIDWEL> 
OUTPFR«OUTPAR<IIDWEL>-OUTTHE(IIDWEL> 

outdif*outfrp-outper 

0U€RSM*0UE»SM40UTERR 

OPERSM«OPER$M*OUTPER 

ODIFSM»ODIFSM*OUTOIF 

OUAVER*OU£RSM/IIDWEL 

OPAVER*OPE»$«/IIDWEL 

ODAVER«ODIf SM/IIDWEL 

OE$QSM«OESOSM*OUTERR**2 

OPE$SN»OPESSM*OUTPER**2 

odfssm«odfssm*outoifa*2 

0UTSI6«(0ESQSM/IIDWEL)-0UAVER**2 

0UPSI6*(0PFSSM/1IDWEL)-0PAVER**2 

odfsig=(oofssm/iidwel)-odaver**2 

IF(OUTMAX.LT.OUTERR)  OUTMAX«OUT|RR 
IF (OUTMIN.GT.OUTERR)  OUTM lN*OUT£RR 
IF (OUPMAX.LT.OUTPER)  oupmax«outper 
IF{OUP*IN.GT.OUTPER)  OUPMIN«OUTPER 
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IF(  00  FMAX,L;T»  OUTDIF)  ODFNAX*OUTDI F 
I F(ODFMIN.GT. OUTDIF)  ODF«|N»OUTO I F 
IF  (IIDWEL.GE.JPRNT1.AND.II0WEL.LE.JPRNT2)  .IMQ0»1 
IF  (IIOWEL.IT, JPRNT1.0R.IIDWEL.6T.JPRNT2)  JHOD*KMOD 
IF(MOD(IIDWEL,JMOD),NE*0)  60  TO  99? 

PRINT  984*1 IDWEL ,0UTTHE ( IIOWEL) ,0UTAR< IIDWEL9  *OUT£RR . 
*0UT$I6»0UTPAR ( IIOWEL J , OUTPER  *OUP$IG*OUTO I F»0DAVER*ODFSI6 

984  FORMAT (1X,I3*7E13.5,3E12.4) 

992  CONTINUE 

985  CONTINUE 

C ****************************************************** 

C PRINT  STATISTICS  OVER  ALL  DWELLS 

C OUAVER*  AVERAGE  OUTERR 

C OPAVER*AV£RAGE  OUTPER 

C OUTMIN*MINIMUM  OUTERR 

C 0UPHIN«HINIINUM  OUTPER 

C ODFMIN*MINIMUM  OUTDIF 

C OUTMAX*NAXIMUM  OUTERR 

C OUPMAX-MAXIMUM  OUTPER 

C 0DFMAX*MAX1MUM  OUTDIF 

PRINT  983 ,OUA VFR ,OPAVER  »ODAVER ,OUTMIN  »OUPMIN ,ODFMIN, 
*OUTMA  X fOUPPAX  , ODFMA  X 

983  F0RMAT(T2,"— — AVERAGE  ERROR", T32,El2. 5>,TM  *E12.5*797, 

• E11#4,/,T2*"— — MININUN  ERROR ",T32,E1  ? • 5 ,T71  ,E1 2. 5.T97, 
*611. 4,/, T2,"— — MAXIMUM  ERROR", T32, E12.5.T71 * E12.5, T97, 
*E1 1 .4  > 

2 CONTINUE 

STOP 
END 


SUBROUTINE  SAC6EN 
COMMON /PRINT /J PR I NT 

COMMON /SAC6EN/PI2,D£LT,FD0P» AS ,BS,CS,DS 
COMMON/FILTER/ICFL<512),ICEFL(51?>,NDILAT,MTM,MXM, 
*MCM,MFM,NCE,MFE,MTEfC0NST(512)*XICFL<5l2) 
C0MM0N/CLT6EN/PHASE ,ICLUT,CI (512),CO(512> 
COMMON/SACOUT/XI(512),XQ<512)*JADCLU 
C GENERATE  NDELAY  SAMPLES  OF  SI6NAL  PLUS  CLUTTER 
PI*3.14159?653? 

PID2*PI/2,0 
PID2T3«1.5*PI 
DC211  ICEL*1  , NDELAY 

I CLUT«I ClUT  *1 

PHAS6*PHASF*P|?*FD0P*DFLT 

DAS«AS 
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C AS*AS 

IF (PHASE. GE.PI?)  PHASE*PHA$E-PI 2 
IF(PHA$E.6F.PI)  OAS*-AS 

I F (PHASE. GT. PI D2. AND. PHASE. LT.PID2T3)  CAS*-AS 
DPHA$E*PHA<£ 

IF(DPHASE.GE.PI)  DPHASE*DPHA$E-PI 
If (OPHASE.6E.PI02)  DPHA$E*PI-DPMASE 
XQ(IDEL)*DAS*$IN(DPHASE) 
XI(IDEL)*C«S*COS(DPHASE) 

IF(JADCLU.FQ.O)  GO  TO  900 
XI(1DEL)*XT (IDFL)+BS+CS*CI (ICLUT) 
XQ(1DEL)*X9(IDEL)+D$-CS*CQCICLUT> 

900  CONTINUE 
211  CONTINUE 
RETURN 
END 


SUBROUTINE  FLOFLT  (X  .MAGACC . I ACE) 

C ****************************************************** 

C THIS  SUBROUTINE  ACCEPTS  INPUT  (SIGNAL  ♦ CLUTTER) 

C SAMPLES  AND  FILTER  COEFFICIENTS.  AFTER  CONVERTING  THE 

C INPUT  SAMPLES  TO  DIGITAL  VALUES  IT  IMPLEMENTS  THE 

C FIXED  WINDOW  MTI  FIR  FILTER  IN  FLOATING  POINT  ARITH* 

C 

C IACC*RANGE  BIN  ACCUMULATOR  MANTISSA 

C I AC  E *E  XPBNFNT  OF  THE  ACCUMULATOR 

C 

C MAGACC«MAGNITUDE  OF  FILTER  OUTPUT  MANTISSA 

C I AC  E * EXPONENT  OF  FILTER  OUTPUT 

C ****************************************************** 

INTEGER  EMTN3 
COMMON/SATUR/NSAT 

common/print/jprint 

C0MM0N/FILtER/ICFL(512),ICEFL(51?) ,ndelay,mtm,mxm, 
*MCM,MFM,MCE ,mfe,MTE,CONST(512),XICFL(512) 

DIMENSION  X(51?),ICEXP(512) 

EMIN3*-(2.**(MFE-1)-1) 

LEVELX»2.**MXM 
LEVELC*2.**MCM 
I ACC  *0 
IACE*EMIN3 
QX«2.**(-MXM  + 1 ) 

DO  5 KDELAY  = 1 , NOEL  AY 
ICEXP(KDELAY)*ICEFL(<DELAY) 

5 CONTINUE 

DO  10  1*1 »NDELAY 
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C I DUMP  X IS  « DUMMY  EXPONENT  USED  FOP  CALLING  JUSTFY 

C AFTER  TRUNCATION  OR  EXPANSION.  THE  ACTUAL  EXPONENT 

C NEEDS  TO  BE  SAVED. 

IDbMFX*0 

IF  (JPRINT.EO.1)  PRINT  1001*  I»X<I> 

1001  FORMAT  (/10x, "INPUT  SAMPLE  ","X<",I2,">«",F13.10> 

C THIS  CALLS  THE  A/D  CONVERSION  ROUTINE  IAD . 

CAU  IAD  (X(I),IX,QX,LEVELX,ISAT> 

IF  , JPRINT »EQ.  1 ) PRINT  1002*  IX 

1002  FORMAT  (10X,"A/D  CONVERTED  INPUT" , 14X ,010,5X * "0") 

C IF  ISAT.'Q.I  SATURATION  OCCURED.  SATURATION  OCCURS  IF 
C ABSCSIGNAL+CLUTTFR)  > 1, 

IF  CISAT.NF.1)  GO  TO  20 
N$AT*NS/,T4l 

20  IMUL*MUL<IX,ICFL<I) *L€ VELX *LEVELC  ) 

IF  (JPRINT.EO.1)  PRINT  1003,  IMUL  , ICEXP ( I ) 

1003  FORMAT  (10X, "UNJUSTIFIED  PRODUCT", 14X,010,3x,I3) 
K*MXM*MCM-? 

CALL  JUSTFY  <1MUL,ICEXP(I),X,EMIN3) 

IF  (JPRINT.EO.1)  PRINT  1 006, IMUL , ICEXP ( I ) 

1006  FORMAT  ( 1 QX , "JUST  IF IID  PRODUCT", 1 6X ,01 0 , 3X , 13 ) 

LEVELP*2 • ** (K  + 1 ) 

LEVEL  T*2 • **MTM 
LEVELF«2.**MFM 

IMT»ITREX(!MUL,LEVFLP,LEVELT,LEVELF> 

IF  (JPRINT.EO.1)  PRINT  1007,  IMT,ICEXP(I) 

1007  FORMATdOX, 'TRUNCATED  OR  EXPANDED  PRODUC  T " , 4X  ,01 0,  3X  , 1 3 ) 
MFM1*MFN-1 

CALL  JUSTFV  (IPT,1DUM|X,MFM1 ,EMIN3) 

IF  (JPRINT.EO.1)  PRINT  1009,  IMT,ICEXP(I> 

1009  FORMAT  (10V, "JUSTIFIED  V ALUE " , 1 8 X , 01 0 , 3 X , 13 ) 

IF  (JPRINT.EO.1)  PRINT  1010,  IACC,IACE 

1010  FORMAT  (10X, 'PREVIOUS  ACCUMULATOR  SUM',9X,010,3X,I3> 

CALL  ALIGN  (IMT,IACC,ICEXP(I),IACE,MFM1) 

IF(JPRINT.FQ.I)  PRINT  1008,  I MT  , I CEXP ( I ) , I A CC , I ACE 

1008  FORMAT  (10X, "ALIGNED  V ALUE5 ", 5X , "PRODUC T ", 7X ,01 0, SX , 

* I3/29X,"ACCUMULAT0R',3X,010,3X,!3) 

CALL  ADO  (TMT,TACC,IACC,IFLA6,LEVELF) 

If  (JPRINT.EO.1)  PRINT  1004,  IACC,!ACF 

1004  FORMAT  ( 1 0X , "SUM " , ?0X , 01 0, 3X  , 13 ) 

IF  (IFLAG.NE.1)  GO  TO  30 
IACC*IACC/2 

!ACE«1ACE*1 
SO  TO  11 

30  CALL  JUSTFY  ( I A CC  , I AC E ,M FM1 , EMIN3 ) 

11  IF  (JPRINT.EO.1)  PRINT  1011,  JACC.IACE 

1011  FORMAT  (10X, "JUSTIFIED  V ALUE " , 1 8 X , 01 0 , 3 X , I? ) 

10  CONTINUE 
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MA6ACC*MA6Nf(IACC»LIVELF) 

C THE  OUTPUT  Of  MAGNF  IS  A POSITIVE  JUSTIFIED  NUMBER 
C SINCE  THE  INPUT  IS  A TWO'S  COMPLEMENT  JUSTIFIED 

C NUMBER. 

IF  (JPRINT.EQ.1)  PRINT  1 005 ,M AG  ACC  , I ACE 
1005  FORMAT  </10Xf 'FILTER  OUTPUT  MA6NI TU0E', 1 0X ,OlO,3X , 13) 
RETURN 
END 


C 

C 

C 

C 

C 

C 

C 

C 

C 

C 

C 

C 

C 

C 

C 

C 
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SUBROUTINE  RMSHAL  < I IM , I QM , 1 1 E , I QE » I RMS f IERMS  ) 
****************************************************** 
THIS  ROUTINE  TAXES  THE  I ANO  Q FILTER  OUTPUTS  AND 
CALCULATES  THE  RMS  APPROX.  USING  L*3/16S  IF  S/L  IS 
LESS  THAN  OR  EQUAL  TO  1/2.  OTHERWISE*  IT  USES  3ML  ♦ 
11/16S.  1 1 M 8 I QM  * THE  I 8 0 CHANNEL  MAGNITUDES  * 
RESPECTIVELY.  HE  8 IQE  ARE  THEIR  RESPECTIVE  EXPONENTS. 
IRMS  S IERMS  APE  THE  MAGNITUDE  t EXPONENT  OF  THE  RESULT. 
1 0 1 V IS  AN  OPTION  FOR  CALCULATING  11/1AS,  3/16S,  AND 


3/4L. 

IF 

IDIV3  1; 

3/16S3<S4S/2>/8 

) ALL 

11/16S«(<S*S/?>/4*S)/2 

) EXPONENTS 

3/4L* (L+L/2) /2 

) UNCHANGED 

IF 

IPIV-O; 

3/16S»(S*S/2) 

) EXP*EXP-3 

11/16S»(S*S/2>/4*S 

> EXP»EXP-1 

3/4L«(L*L/2> 

) £XP»EXP-1 

IDIV 

IS 

read  in  by 

THE  MAIN  PROGRAM 

INTEGER  EMI  NR 

common/print/jprint 

IF  (JPRINT.EQ.1)  PRINT  1003,  IDIV 
1003  FORMAT  </3Y, 'HARDWARE  RMS  A LGOR I THM'/ 1 OX , 'I  0 1 V ' , 1 3 ) 

common/r*shal/mrm,levelr.eminr,idiv,mre 

FMINR«-(2.**(MRE-1)-1) 


LEV|LR=2.** ( M RM ♦ 1 ) 


IF  (IIE-IQP)  110,120,130 
120  IF  (IIM-IQM)  110,110,130 
110  ILM*IQM 
ILE=IQE 


ISMxiiM 

I SE=I 1 E 
GO  TO  no 
130  ILMxIlM 
I L E 3 1 1 E 


IS»=IQM 
I S E * I Q F 
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140  IEDIFF*  ILE-ISE 

Rl*  ILM*0.5*<2,**IEDIFF) 

THIS  TESTS  IF  (S/L)  IS  GREATER  THAN  0.5  OR  NOT 
IF  (FLOAT(TSM).LE.Rl)  GO  TO  150 
IF  (JPRINT.EQ.1)  PRINT  1001 

1001  FORMAT  (10X,'($/L) .GT.0.5') 

I32L*ZLM*ILM/2 

I118S*(I$M»ISM/2J/4MSM 

IF  UPRINT.E0.1T  PRINT  1004.  I32L.ILE.I118S.ISE 

1004  FORMAT  (10X,'(3/2>L'.27X,010,3X,I3/10X,'(11/8>S', 

* 26X.010.3X.I3) 

IF  (I0IV.6G.1)  GO  TO  160 
ILE*I LE-1 
I SE*I SE-1 

IF  < JPRINT.EQ.1)  PRINT  1005*  I32L.ILE.I118S.ISI 

1005  FOPMAT  (1  OX, '(3/4)L'»27x, 010, 3X.I3/10X, '(11/16)$', 

* 25X.O10.3X.I3) 

IF  (I32L.LT. 2. **MRM)  60  TO  170 

I32L*I32L/2 

1LE«ILE*1 

IF  (JPRINT.EQ.1)  PRINT  1006,  I32L.ILE 

1006  FORMAT  < 1QX , "OVERFLOW  CORRECTION  OF  (3/4>L'*3X,0l0. 

* 3X.I3) 

170  IF  (H18S.LT  «2,**MRM)  60  TO  180 
I118S*I118S/2 
ISE*ISE+1 

IF  (JPRINT  .£0.1)  PRINT  1007.  H18S.ISE 

1007  FORMAT  (10X, 'OVERFLOW  CORRECTION  OF  ( 1 1 / *)S ", IX , 

* 010.3X.I3) 

180  I34L*I32L 

I1116S«I11RS 
60  TO  1000 
160  I34L«I32L/? 

IF  (JPRINT.EQ.U  PRINT  1005,  I34L.ILE.I1116S.ISE 
I1116$«I11*S/2 

CALL  JUSTFY  (I34L.ILE.MRM, EMI NR) 

CALL  JUSTFY  ( 1 1 1 1 6S , I SE ,MRM .EMINR ) 

IF  (JPRINT.EQ.1)  PRINT  1011,  134L , ILE  , 1 1 1 16S ,ISE 
1011  FORMAT  (10X, 'JUSTIFIED  VALUES', 2X,'(3/4>L*»9X,Ol0, 

* 3X,I3/28X,'(11/16)S'.7X,010,3X,I3) 

1000  CALL  ALIGN  ( I34L , H 1 1 6S  , ILE , I SE ,MRM) 

IF  (JPRINT.EQ.1)  PRINT  1008,  134L . ILE  , 1 1 1 1 6$  . ISE 

1008  FORMAT  ( 1 0X , ' ALIGNE D VALUE  S' ,4X ,'( 3/4) L' ,9X ,010, 

* 3X,l3/28X,'i11/16)S',7X,OlO,3X.l3) 

CALL  AOD  (I34L,11116S,IRMS,IFLA6,LEVELR) 

GO  TO  2000 

150  IF  (JPRINT.EQ.1)  PRINT  1002 

1002  FORMAT  ( 1QX , ' ( S /L) .LE . 0. 5 ') 
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I 32S=ISM*ISM/2 

IF  (JPRINT.EQ.1  ) PRINT  1012,  ILM  , ILE  , 1 32$  , 1 S E 

1012  FORMAT  <10X,'L', 32X,Oin,3x,I3/10X, '<3/2)5', 27X, 010, 

* 3X,I3) 

IF  (I0IV.EQ.1)  60  TO  1 30 
ISE«ISE-3 

IF  (JPRINT.EQ.1)  PRINT  1013,  I32S,ISE 

1013  FORMAT  ( 1 0X , ' ( 3/ 1 6) $ # , 26X ,010 ,3X , 13 > 

IF  (I32S.LT. 2. «*MRM)  60  TO  210 
I32S-132S/? 

ISE*I SE+1 
1 31 6S*I32S 

IF  (JPRINT.EQ.1)  PRINT  1014,  I316S.ISE 

1014  FORMAT  (10X,  'OVERFLOW  CORRECTION  OF  (3/16)$', 3X, 

* 010,3X,I3> 

GO  TO  210 

190  !3l6S*l32S/8 

IF  (JPRINT.EQ.1)  PRINT  1013,  Z316S  ,ISE 
CALL  JUSTFV  (I316S,ISE,MRM,EM1NR) 

IF  (JPRINT.EQ.1)  PRINT  1016,  I316S.ISE 
1016  FORMAT  (10X ,'4USTFIE0  VALUE ' , 2X , ' ( 3/ 1 6) S ' ,« X , 01 0, 

* 3 X , 1 3 ) 

210  CALL  ALIGN  < I 3 1 6S , I LM , ISE  , I LE  ,MRM > 

IF  (JPRINT.EQ.1)  PRINT  1015,  ILM , ILE  , 1 3 1 6$ , ISE 

1015  FORMAT  (10x, "ALIGNED  V ALUES * , 5X , 'L' , 1 3 X ,01 0 , 3X , 

* I3/?9X,'(X/16)S',7X,010,3X,I3> 

CALL  ADD  <!316S,IIM,IRMS,IFLAG,LEVELR> 

2000  lERMSalLE 

IF  (JPRINT.EQ.1)  PRINT  1009,  IRM$,IERM$ 

1009  FORMAT  (10X,"SUM',30X,010,3X,I?) 

IF  (IFLAG.NE.1)  GO  TO  220 
IRMS«IRMS/? 

IERMS«IERMS*1 

IF  (JPRINT.EQ.1)  PRINT  1010,  IRMS, TERMS 

1010  FORMAT  (10X , 'OVERFLOW  CORRECTION  OF  SU«',7X, 

* 01 0,3X , 13) 

220  RETURN 

END 


SUBROUTINE  ALIGN  ( I Ml  , IM 2 , 1 E 1 , 1 E 2 , K) 

C THIS  ROUTINE  TAKES  TWO  FLOATING  POINT  NUMBERS  AND  ALIGNS 

C THEM  SO  THEY  CAN  BE  ADDED.  IM1  & IFl  ARE  THE  MAGNITUDE 

C AND  EXPONENT,  RESPECTIVELY,  OF  THE  FIRST  NO.  IM2  & IE2 

C ARE  THE  MAGNITUDE  AND  EXPONENT,  RESPECTIVELY,  OF  THE 

C SECOND  NO.  K IS  THE  NO.  OF  BITS  USED  TO  REPRESENT  IM1 

Fig.  F.l  (Continued) 
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n rt  n n 


EXCLUDING  THE  SIGN 
THE  SHITTED  NO.  IS 


BITS. 

TRUNCATED 


10 


11 


12 


20 


21 


22 

30 


% IN2  IN  TWOS  COMP.  TORN 
THE  MAGNITUDE  PORTION  OF 
AFTER  EACH  SHIFT. 

****************************************************** 

COMMON/ PRINT /J PR I NT 
INTEGER  TEST 
TEST«2**K 
IE0ME1-IE2 
IAED«IABS(!ED) 

IDIF*2**IAPD 
IF  <IED!  10,30,20 

FRON  HERE  U'  12  IF  EXPONENT  2 > EXPONENT  1. 

IF  (INI. GE. TEST)  GO  TO  11 
IHl*lHl / ID! F 
GO  TO  12 
IMl*INl/2 
IE0*IED*1 
IM1»IM1*TEST 
IF  (IED.IT.O)  GO  TO  11 
IE1-1E2 
RETURN 

FROM  HERE  TO  22  IF  EXPONENT 
IF  UM2.GE.TEST)  GO  TO  21 
IM2*IM2/ID!F 
GO  TO  22 
IM2*IM2/2 
IID*IED-1 
IM2«JM2*TEST 
IF  (IED.GT.O) 

IE?«IE1 
RETURN 
END 


1 > EXPONENT  2. 


GO  TO  21 


SUBROUTINE  JUST'Y  (UNJ  ,IUNJ ,K  ,EMIN> 
t ****************************************************** 

C THIS  ROUTINE  TAXES  A FLOATING  POINT  NUMBER  THAT  IS  IN 

C TWOS  COMP.  FORM,  JUSTIFIES  IT  AND  ADJUSTS  THE  EXPONENT. 

C UNJ*  UNJUSTIFIED  MANTISSA  ON  ENTRY  ANO  JUSTIFIED 

C MANTISSA  ON  RETURN.  EUNJ*  UNADJUSTED  EXPONENT  ON  ENTRY 

C ANO  THE  ADJUSTED  EXPONENT  ON  RETURN. 

C X»  THE  NUFTt*  OF  BITS  IN  UNJ  EXCLUDING  SIGN, 

f EMIN*  THE  SMALLEST  POSSIBLE  EXPONENT  VALUE 

C ****************************************************** 

INTEGER  UNJ,  EUNJ,  X,  EMIN,  TEST 
TtST*  2.**(K-1) 

C TEST  FOR  POSITIVE  OR  NEGATIVE  NO., IF  POS.  GO  TO  HO 
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IF  (UNJ.LT.TEST*2)  60  TO  HO 
1*0 

C STRIP  OFF  SIGN  BIT  FRO*  NEGATIVE  NUMBER 

UNJ*UNJ-(TFST*2> 

C TEST  FOR  0 IN  *SB;  IF  SO,  DONE 
70  IF  (UNJ ,LT. TEST)  60  TO  110 

C SHIFT  NUMBER  LEFT  AND  INCR  COUNT 

UNJ*(UNJ-TFST)*2 
1*1*1 
60  TO  70 

C REPLACE  SIGN  BIT 

110  UNJ*UNJ*(TFST*2) 

C ADJUST  EXPONFNT 

EUNJ*EUNJ-T 
RETURN 

C TEST  FOR  0 

HO  IF  (UNJ.Efi.O)  GO  TO  220 
i*n 

C TEST  FOR  1 IN  "SB;  IF  SO,  DONE 

160  IF  (UNJ  .GE* TEST)  GO  TO  200 

C SHIFT  NUM8rR  LEFT  AND  INCREASE  COUNT 

UNJ*UNJ*2 
1*1*1 
GO  TO  160 

C ADJUST  EXPONENT 

200  FUNJ*EUNJ-T 

GO  TO  230 

C SET  EXPONENT  TO  MINIMUM  VALUE 

220  EUNJ»E*IN 

230  CONTINUE 

R E T U 0 N 
END 


FUNCTION  ITRFX(IN,LEVLIN,LEVLTR,LVLOUT) 

C NOTE:  THE  PITLENGTH  USED  FOR  COMPUTING  THE  LEVEL 

C INCLUDES  THE  SI6N  BIT, 

C IN  HAS  MIN  BITS  (LEVLIN  * 2**MIN) 

C TRUNCATE  IN  TO  MTR  BITS  (LEVLTR  * ?**MTR) 

1TREX»IN/(LEVLIN/LEVLTR) 

C EXPAND  TO  "OUT  BITS  (LVLOUT  « 2**M0UT) 

IFdTREX  ,LT,LEVLTR/2>  RETURN 
ITREXalTREX+LVL OUT -LEVLTR 
RETURN 
END 
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SUBROUTINE  FLCOEF  (X  ,MC, MCI  ,ICFL,  KEEL) 

C ****************************************************** 

THIS  ROUTINE  TAKES  A DECIMAL  FRACTION  AND  CONVERTS  IT 
INTO  A TWOS  COMP.  FLOATING  POINT  FIRM, 

X*  THE  DECIMAL  FRACTION,  MC«  THE  NJMBER  OF  BITS  TO  BE 
USED  IN  THE  MANTISSA  OF  THE  FLOATING  POINT  NO.  (WITH 
SIGN),  MCE*  THE  NO.  OF  BITS  IN  THE  EXPONENT  (WITHOUT 
C SIGN),  ICFL*  THE  MANTISSA  ,ICEFL»  THE  EXPONENT. 

C NOTE  AGAIN:  A0 S < X ) . LT . 1 . 0 

C ****************************************************** 

INTEGER  EMIN 
L*0 

JMAX«<2**<MC-1))-1 

JMIN*-(2**(MC-1)) 

0*2.**(-MC*1) 

iMAX*(2.**"CF>-1 

1*0 

C CHECK  IF  FIXED  OR  FLOATING  COEFFICIENTS  ARE  TO  BE 

C USED.  FOR  FIXED  GO  TO  11 

IF  (IMAX.ER.O)  GO  TO  11 
XM  A G*0 « 5 

C NEXT  SIX  STATEMENTS  TO  DETERMINE  FLOATING  POINT 

C QUANTIZATION  INTERVAL 

5 IF(ABS(X).GE.XMA6)  GO  TO  10 

XMAG*XMAG/?.0 
1*1*1 

IFU.EQ.IMAX)  GO  TO  10 
60  TO  5 

10  Q*Q/(2,**I) 

11  XN*X/Q 
IX*XN 
XN*XN-I X 

IF  (IX.EQ.JMAX.OR.IX.EQ.JMIN)  L*1 
IF  (ABS(XN) .LT.0.5)  GO  TO  23 
!X*IX*ISI6N(1,IX) 

C IF  ROUNDING  CAUSED  OVERFLOW,  DIVIDE  THE  MANTISSA  BY 

C TWO  AND  ADJUST  THE  EXPONENT, 

IF  (t.NE.1)  GO  TO  23 
IX*IX/2 
1*1-1 

23  IF (X.GE .0. ) GO  TO  20 

C CONVFRT  NEGATIVE  MANTISSA  TO  TWO'S  COMP  FORM 

IX*IX*(2.**MC) 

20  EMINs-IMAX 

K*MC-1 
IEX*-I 

IF  (IMAX.EO.O)  GO  TO  21 

Fig.  F.l  (Continued) 
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CALL  JUSTFY  C IX f I EX tK t EMIN) 

I C FL*I X 

IC£FL*IEX 

RETURN 

END 


SUBROUTINE  RANDU  <IX.IY,RND) 

IY*FLD(5»31 ,IX*655?9) 

RND*IX*0.<  A54413F.-9 

I X = I V 

RETURN 

END 


SUBROUTINE  RANOtt(X,N»X«F.ANtSTDEV) 

COMMON /NO! S E /ARD ,RND1 ,RS 
DIMENSION  X(1) 

DO  3 1 * 1 » N 

ARN«ARD**2+RS**2 

K«ARN/1000O000n0. 

ARD* <ARN-FLOAT<K) *1000000000. >/1000. 

I F (ARD) 2 .1  *2 
A R D = 1 . 

RS*RS*1  . 

RND2*ARD*0.000n01 

DEVOT«SQRT(-?.*ALOO(RNDl>)*COSC6r2A3185*RND2) 

RND1«RND2 

XNP*STD£V*DEVOT 

X (I  )*XNR+X**E  AN 

RETURN 

END 


FUNCTION  MULfNl  .N2.LEVEL1  ,tEVEL2) 

NOTE:  THE  RIUENGTM  USED  FOR  COMPUTING  THE  LEVEL 
INCLUDES  THE  SI6N  BIT, 

CONVERT  INPUTS  TO  SIGNED  INTEGER 

maxi»leveli/2 

MAX2*LEVEL’/2 
N S 1 *N  1 
NS2*N2 

IF(N1 .GT.MAX1)  NS1«N1-LEVEL1 
IF (N2.GT.MAX2)  NS 2=N 2-LE VEL 2 
MUL*NS1*NS2 


F.l  (Continued) 


CONVERT  PRODUCT  TO  TWO;S  COMPLEMENT 
IFCMUL.GE.*)  RETURN 
MUL*"UL*<LEVEL1*"AX2> 

RETURN 

END 


FUNCTION  MAGNF  (IN, LEVEL) 

NOTE:  THE  «1TLENGTH  USED  FOR  COMPUTING  THE  LEVEL 
INCLUDES  THE  SIGN  BIT. 

MAGNITUDE  OF  A TWO : S COMPLEMENT  NUMBER 

IFUN.EQ. LEVEL/2)  IN*IN+1 

MAGNF«tn 

IF  (MAGNF  «LT  .LEVEL/2)  RETURN 

MAGNF* LEVEL -MAGNF 

RETURN 

END 


SUBROUTINE  I AO  (X,  IX,  Q,  LEVEL.  I SAT) 

NOTE:  THE  RITLENGTH  USED  FOR  COMPUTING  THE  LEVEL 
INCLUDES  THE  SIGN  BIT. 

1X-X/Q 
I S AT*0 

MAX*l£VEL/?-1 

IF  (IA8S(IX)  .GE  .MAX)  GO  TO  10 
IFtX.GE.O.)  RETURN 
I X*I X *LE VEL -1 
RETURN 

1X*ISIGN(MAX,IX) 

I SAT*1 

IF(IX.LT.O)  IX*IX+LEVEL 

RETURN 

END 

SUBROUTINE  ADD  (N1  ,N 2 »N 3 , I 0 FL .LEVEL ) 

NOTE:  THE  BITLEN6TH  USED  FOR  COMPUTING  THE  LEVEL 
INCLUDES  THE  SIGN  BIT. 

MAX*LEVEL/2 

iofl«o 

FIND  SIGN  BITS  OF  Nl  AND  N2 

I SN1 =Nl /MAX 

ISN2-N2/MAX 

ADD  Nl  AND  N2 

N3*Nl +N2 

FIND  THE  C»RRY  BIT 
ICARR Y*0 


Fig.  F,1  (Continued) 
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GO  TO  10 


IFCN3.LT. LEVEL) 

ICARRY*1 

C IGNORE  THE  CARRY 

N3*N3-LEVEL 
10  CONTINUE 

C IF  N1  AND  N2  ARE  OF  DIFFERENT  SIGNS , NO  OVERFLOW 

IF(l$Nl.NE.ISN2)  RETURN 

C FIND  SIGN  HIT  OF  NT 

ISN3*N3/MAX 

C CHECK  FOR  OVERFLOW 

IFUSN3.EQ.ICARRY)  RETURN 
I OFL* 1 

C ADO  LEVEL  BACK  IF  NUMBER  IS  NEGATIVE  AND  AN  OVERFLOW 

C OCCURED.  IT  CAN  THEN  BE  CORRECTED  FOR  OVERFLOW  BY 

C THE  CALLING  PROGRAM. 

IF  (ISN1.E0.1)  N3*N 3 + LEVEL 

RETURN 

END 


Fig,  F.1  (Continued) 
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